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Abstract
The current international request to extend standard laboratory measurements
of building acoustics (airborne and impact sound insulation and reverberation
time) to frequencies below 100 Hz requires a deep study on the involved physical
phenomenon and a proper procedure in order to get repeatable and reproducible
results. In typical laboratory volumes (50-80 m3) and at low frequencies (50-100
Hz), the acoustic field is non-diffuse due to the presence of standing waves or
resonant modes in the small laboratory rooms. In space and frequency domains,
the sound field is characterized by large fluctuations of sound pressure levels, dif-
ferent from diffuse field condition, characterized by uniform sound field in both
domains and is assumed from 100 Hz on in laboratory standard procedures. Un-
der such conditions, standard sound insulation measurements and reverberation
time descriptors are not adequate to correctly characterize the insulating prop-
erty of partitions or flooring systems or the reverberation times of laboratory (or
ordinary dwelling) rooms. For this reason, a new measurement approach based
on resonant frequencies, or room modes, the so-called modal approach, is intro-
duced. Resonant modes provide deterministic quantities in non-diffuse field and
are responsible of most annoyance.
For airborne sound insulation, the standard sound reduction index is not repre-
sentative of sound insulation as it is based on sound power measurements, which is
still undefined for non-diffuse acoustic field. In the coupled system room-partition-
room, in addition to natural resonant modes of each system component, the trans-
mission of modes from the source to the receiving room is observed. The modal
approach allows to evaluate the sound insulation by the determination of the sound
transmission loss of a single source room mode passing into the receiving room
through the partition. Such characteristic is the base of the new descriptor: the
modal sound insulation. It is defined as the difference between the maximum
sound pressure levels (evaluated in the corners of rectangular rooms) of source
room modes that occur in both source and receiving rooms. Starting from the
classical modal theory, a proper normalization term, corresponding to receiving
room volume, is also introduced and presented together with a new method, based
on the envelope of room frequency responses, to extend the results to the whole
low frequency range, due to the discrete nature of modal sound insulation. Fur-
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6thermore, the uncertainty budget is analysed. From scale model measurements,
normalization term results to be negligible and problems due to source and receiv-
ing room modal match, cause of sound insulation underestimation, has to be solved
in the future with a proper weighting procedure, based on the increase of modal
sound insulation as function of modal overlap degree (Kohlrausch-Williams-Watts
function), experimentally evaluated in the scale model.
The modal approach is also applied to impact sound insulation and impact
noise reduction measurement: new procedure and descriptors are introduced and
first experimental tests on three different mass-spring systems are shown. Results
agree with theoretical basis and validate such approach.
In the end, the modal approach is used for the measurement of reverberation
time in small rooms, in terms of modal reverberation time. Two different methods
are evaluated on the base of their mathematical relation: the direct and indirect
methods. The first is based on the measurement of the direct modal sound decay,
whereas the second evaluates the modal decay starting from the measurement of
the half bandwidth of the resonant peak. For both methods, different sound signals
are compared and suitable procedures are applied. First experimental tests show
a good agreement between the two methods and their mathematical relation is
confirmed.
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c speed of sound (m s−1)
f frequency (Hz)
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m tangential modal integer (-)
n oblique modal integer (-)
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p sound pressure (Pa)
p0 reference sound pressure (Pa)
q partition modal integer (-)
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s experimental standard deviation (-)
s′tot dynamic stiffness (MN/m
3)
t time (s)
v vibrational velocity (m s−1)
vn normal velocity (m s
−1)
x space coordinate (m)
y space coordinate (m)
z space coordinate (m)
A equivalent sound absorption area (m2)
An n-th mode amplitude (Pa)
C standing wave amplitude in rectangular room (Pa)
D airborne sound insulation (dB), flexural stiffness (N m2)
Dmodal modal sound insulation (dB)
Dmodal,nV normalized modal sound insulation (dB)
G coupling factor (-)
I sound intensity (Pa m s−1)
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7
8Lmodal modal impact sound pressure level (dB)
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MOF modal overlap factor (-)
Nf number of eigenfrequencies (-)
Q0 source total air outflow amplitude (m s
−1)
Qn total air outflow amplitude of the n-th source (m s
−1)
R sound reduction (dB)
RSS residual sum of squares (-)
S surface (m2), microphone sensitivity (V/Pa)
T reverberation time (s), output voltage (V)
Tn modal reverberation time (s)
U expanded uncertainty (-)
V volume (m3)
W1 incident sound power (J s
−1)
W2 transmitted sound power (J s
−1)
Z wall impedance (Pa s m−1)
δn modal damping (rad s
−1)
ψn spatial distribution function (-)
ρ0 air density (kg m
−3)
σ standard deviation (-)
τ transmission coefficient (-)
ω angular frequency (rad s−1)
ωn n-th mode angular frequency (rad s
−1)
∆f−3dB resonant frequency half bandwidth (Hz)
∆f modal overlap degree in frequency (Hz)
∆L improvement of impact sound insulation (dB)
∆Lmodal improvement of modal impact sound insulation (dB)
∆x difference between source and receiving room x dimension (cm)
Λn modal distribution constant (-)
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Chapter 1
Introduction
1.1 State of the art, aims and objectives
In recent years an increasing interest in building acoustics measurements and
building components characterization at low frequencies (i.e. below 100 Hz, and
typically from 50 Hz) has been observed. The consideration of low frequency
noise has become more and more important because there is an increasing oc-
currence of sound sources with low frequency content, like technical equipment
inside and outside of buildings, increased traffic volume and ’improved’ video and
audio equipment in dwellings. Also, more and more renewable energy sources like
heat pumps, decentralised combined heat and power stations and wind turbines
contribute to low frequency sound impact on people [1, 2]. Simultaneously, newer
multilayer building elements, developed to be cheaper and lighter and eventually
to have a better thermal insulation, tend to have resonance frequencies below 100
Hz, which become more and more disturbing under these circumstances. Former
buildings consisted mostly of homogeneous heavyweight walls and floors, which
do not have particular insulation problems at low frequencies [3]. Nevertheless, at
present time, effective protection systems against low frequencies noise are still an
open challenge both for researchers and components manufacturers.
Low frequency noise is in particular harmful since, on one hand, it propagates
over long distances outdoors and, on the other, it coincides with poor sound insula-
tion in buildings [4]. Main effects caused by noise, in particular at low frequencies,
are temporal and permanent threshold shifts [5], pressure in the ear [6], impaired
task performance or sleep disturbance [7]. More severe effects at higher sound
levels are for example headache, feeling of irritation and stress [8]. It is not yet
clear, whether some of the symptoms are psychosomatic. It is also not yet clear,
whether the effects of low-frequency noise can be traced back solely to cochlear
stimulation or other sound transmission paths [9]. The large number of isolated
facts listed above are known, but they do not yet reveal cause-and-effect principles,
which could be applied for practical purposes, such as legal requirements.
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Currently, human perception is almost exclusively regarded in terms of selected
equal-loudness contours, which are highly controversial at low frequencies and can
be seen from a more than 10 dB difference of equal loudness contours at 50 Hz in
the (new) ISO 226:2003 [10] (revised in 2014) and DIN 45631 [11] standards. Levels
below the hearing threshold can also provoke reactions. So, for example, perception
of low frequency noise takes place even below 20 Hz, but it is no longer perceived as
tones [12]. Above the hearing threshold, the perceived loudness increases steeply
at low frequencies but the upper limit of tolerability remains constant. Thus,
small changes of sound pressure levels may cause dramatic effects. This makes
it difficult to set adequate insulation requirements. The lack of knowledge and
measurement methods prevents the formulation of requirements, extended to low
frequencies, and subsequently the development of optimised building products and
technical equipment, although low frequency problems are increasing. According
to a survey by the German Federal Environment Agency (Umweltbundesamt) in
2011 [13] only 12.5% of the population are not disturbed by noise whereas about
60% are essentially or highly disturbed. Protection against noise in general is a
basic requirement of the EU environmental legislation as well as of the regulations
for building products, The EU regulation No 305/2011 [14] (repealing the former
Council Directive 89/106/EEC) lists ”protection against noise” as one of the seven
basic requirements for construction works, saying ”The construction works must
be designed and built in such a way that noise perceived by occupants or people
nearby is kept to a level that will not threaten their health and will allow them to
sleep, rest and work in satisfactory conditions” or the directives of World Health
Organization, ”Excessive noise seriously harms human health and interferes with
peoples daily activities at school, at work, at home and during leisure time. It can
disturb sleep, cause cardiovascular and psychophysiological effects, reduce perfor-
mance and provoke annoyance responses and changes in social behaviour” [15].
In Building Acoustics, noise below 100 Hz has been more or less neglected
up to now, because the established measurement methods for sound insulation
require smooth sound fields, which don’t increasingly exist in rooms at such low
frequencies. At present, minimum sound insulation requirements for buildings in
European countries do not take into account frequencies below 100 Hz (apart from
Sweden) [16]. Being aware of this situation, the COST Action TU0901 ”Inte-
grating and Harmonizing Sound insulation Aspects in Sustainable Housing Con-
structions” was established in 2010. COST is an intergovernmental framework for
European Cooperation in Science and Technology, allowing the coordination of
nationally-funded research at European level. COST TU0901 WG1 has just sub-
mitted a document N066, where it is recommended to extend all building acoustic
evaluations down to 50 Hz, the present voluntary lower limit of measurements in
standards. Much lower frequencies were discussed but not included due to a lack
of applicable measurement procedures there. Unfortunately the existing acoustical
measurement procedures are not suitable and accurate enough in order to achieve
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repeatable and reproducible building acoustics measurements in the low-frequency
range (50-100 Hz). Typically building acoustics measurements (airborne sound in-
sulation, impact sound insulation and reverberation time) lead to unacceptable
high uncertainties when applied to frequencies below 100 Hz [17-23]. On the ba-
sis of this, standardized laboratories, involved in building acoustic measurement,
have to be opportunely qualified in order to guarantee proper characterizations
below 100 Hz. At present, the measurement of sound pressure levels and sound
insulation in building acoustics is based on the existence of diffuse sound fields,
which requires small wavelengths compared with the dimensions of the involved
rooms and building elements. This assumption aims at a high comparability of
measurement results, even if they were obtained from diverging measurement con-
ditions. This works fairly well down to about 100 Hz but represents an abuse
below. At lower frequencies, single vibration modes determine the results, leading
to a high spatial spread of sound pressure levels and a high dependence of sound
reduction values on details of the situation, which makes it difficult for example
to characterize the performance of building components. On the basis of these
conclusions, laboratory measurements are fundamental in order to provide a first
characterization of acoustic performance of building components at low frequency
with proper measurement methods to improve the actual standards and to be, in
the future, applicable for in-situ measurements.
Standard measurements are historically performed by measuring sound pres-
sure levels in the frequency range between 100 Hz and 5000 Hz in one-third-octave
bands. The performance of airborne sound insulation of vertical partitions is quan-
tified by the sound reduction index (RW ), based on sound power ratios which are
derived from measured field quantities like sound pressure under diffuse field con-
dition (i.e. short wavelength with respect to room dimensions). The measurement
procedure, as stated in the new ISO 10140-2:2010 [24] standard, is widely known.
Less known is the acoustical performance of building components in non-diffuse
field condition, such as for frequencies below 100 Hz. Standardized airborne sound
insulation laboratories, in which volume ranges between 50 m3 and 80 m3, are
characterized by a non-diffuse field (i.e. wavelengths equal or wider than room
dimensions) below the Schroeder frequency, usually around 350 Hz. Anyway, for
practical reasons, it is conventionally accepted a condition of diffuse field from
100 Hz on. Generally speaking, measurements of sound insulation in diffuse field
condition (such as classical transmission loss as stated in former ISO 140 standard
series) are possible since the sound pressure in the enclosed volumes of the rooms is
space-time independent. This condition is not true below the Schroeder frequency,
and in particular below 100 Hz, in which the modal behaviour becomes dominant
with stationary (and quasi-stationary) waves which entail large sound pressure
level fluctuations [25]. Acoustical measurements carried out without the due cau-
tion below 100 Hz can lead to strongly inaccurate characterizations, since the
distribution of the sound pressure in space and frequency domains is not uniform
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in the enclosed and small volume. Currently it is not possible to correctly define
the incident and transmitted sound power in such modal acoustic field according
to standard approach. At this point a question arises: even if it is possible to de-
termine the sound power emitted by a building element, how would it be correlated
to the modal sound field and the real human perception? Would it be an accurate
evaluation of sound insulation? Several authors in the past, closely related to a
diffuse field approach, proposed different measurement methods to evaluate sound
reduction index [26, 27], nevertheless some issues have to be deepened. In particu-
lar, measurement of the sound reduction index RW at low frequencies is extremely
variable from one laboratory to another (low reproducibility) [28, 29] and depends
on several parameters that affect the modal composition of the sound field [30],
such as the geometrical dimensions of the rooms, the location of the sound source,
the geometry and the vibration properties of the interface, the room-panel-room
modal coupling and the reverberation time, related to modal absorption, of the
two rooms [31]. Actually, a new sound intensity measurement procedure has been
recently proposed in order to achieve low frequencies airborne sound insulation
in laboratory [32]. Nevertheless sound intensity approach is subjected to several
practical complications, such as the presence of a totally sound absorbing surface
on the opposite wall, in receiving room and, at this time, the lack of a standardized
calibration procedure of the sound intensity probes. Since in new ISO 10140:2010
standard series it is stated to perform sound pressure level measurement rather
than sound intensity one, a suitable procedure, united with a proper laboratory
qualification, must be achieved. Besides, revision of ISO 717 standard [33, 34],
which aims to redefine new single-number quantities for airborne sound insulation,
includes low frequency range (50 Hz, 63 Hz and 80 Hz) without the introduction of
a specific measurement procedure [35]. The attempt proposed in this thesis is to
fill this gap providing both a theoretical analysis of the non-diffuse acoustical field
and an exhaustive experimental survey in laboratory. Theoretical background of
sound pressure modal behaviour, in source room and receiving room, the motion of
the panel and the related interactions is discussed and the boundary conditions are
properly analysed. As a consequence, from experimental measurements and data
analysis, the possibility to define a correct sound insulation descriptor in agree-
ment with non-diffuse field conditions is investigated. Once the non-diffuse field
of the source room and receiving room is identified, the modal sound insulation
(Dmodal), different from sound reduction index for diffuse field, is defined as the
difference between the maximum sound pressure levels of source room modes that
occur in both source (natural mode) and receiving rooms (transmitted mode) and
can be represented as an indicator of modal sound transmission loss. Theoretical
background, measurement procedures with related problems and introduction of
a normalization term are discussed. Furthermore, a first rough method to extend
sound insulation measurement to all frequencies between 44 Hz and 112 Hz (the
lower and upper bounds of the 50 Hz and 100 Hz third octave bands respectively)
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is also proposed and a one-third-octave band representation (from 50 Hz to 5000
Hz) as stated in ISO 717 revision is consequently possible.
As for airborne sound insulation, also impact sound insulation existing indexes
described in ISO 10140-3:2010 [36] need to be reviewed and adapted in order to
better describe the physical phenomenon in connection with the actual auditory
perception of noise due to modal field and to ensure repeatable and reproducible
laboratory values. Different authors have modelled the effect of the impact sound
transmission by using low frequency modal analysis and provided a good predic-
tion of the acoustic field generated in a rectangular room with a punctual sound
source [37]. Based on these results and on the modal approach introduced for air-
borne sound insulation, technical and practical solutions, from a metrological and
regulatory point of view, are provided to qualify the measurement laboratory for
the characterization of the acoustic performance of a floor for frequencies below
100 Hz. For this purpose, a new index of impact sound insulation in non-diffuse
field condition is introduced and first experimental measurements are performed.
The growing interest of the international scientific community to extend the
conventional building acoustics comprehends also architectural acoustic measure-
ments at frequencies below 100 Hz, which require detailed studies about the de-
cay of the sound pressure and the reverberation time in small enclosures (30-200
m3). In such conditions, the standard measurement of reverberation times involves
high measurement uncertainty caused by the presence of the acoustic modes in the
room, responsible for the highest inconvenience for what concerns the quality of
listening (rumble effect) or noise from other environments, as stated by different
authors [38-40]. The reverberation time is defined as the time (in seconds) for the
sound pressure to decay by 60 dB or, in terms of energy, is the time taken by the
energy to decay of one-millionth from its initial value. This definition fits very
well to the type of procedure described in ISO 3382-2:2008 [41], which provides
a direct measurement of the sound pressure decay. The problem that emerges by
this measure is the non-linearity of the decay with a broadband analysis (one-third
octave band as stated in the ISO Standard) due to the presence of more resonant
frequencies in one band, each with its particular decay. At frequencies below 100
Hz in such rooms, in fact, non-diffuse sound field conditions are reached: this field
has the particularity of being homogeneous neither in frequency nor in space. This
means that, by analysing the frequency spectrum below 100 Hz, resonant frequen-
cies are evident and their peaks are well spaced and their spatial distribution inside
the room is not uniform. Furthermore human sound perception in non-diffuse field
is mainly affected by resonance modes, which entail many problems for acoustic
comfort or quality of listening, especially in recording studios, small concert halls
or open-space offices. Therefore, the measurement of reverberation time at low
frequency is preparatory and necessary for the acoustic treatment of listening and
working rooms. The Directive ISO 3382, which describes how to measure reverber-
ation times in ordinary rooms (especially in small dwellings) with interrupted noise
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or integrated response to the impulse, does not provide a measurement method for
frequencies below 100 Hz. The peculiarity of such sound field has to be considered
due to its non-diffuse nature, i.e. the presence of standing waves into the internal
system. For this purpose, a modal approach also for reverberation time measure-
ment is applied, resulting in measuring reverberation times for single resonant
frequencies: the modal reverberation time. It is, firstly, measured with two differ-
ent methods: the first is a direct measurement of the reverberation time, based on
the guidelines of ISO 3382, but with different measurement positions and source
signals; the second one is the indirect method, based on the measurement of the
half bandwidth of resonance modes in the considered low frequency range, which
is related to the modal damping and, as a consequence, to the modal reverberation
time.
1.2 Overview
In Chapter 2, the theoretical basis of non-diffuse sound field is described, as well
as the physics of main building acoustics measurements (airborne sound insulation,
reverberation time and impact sound insulation), their Standard procedures and
the connections with non-diffuse acoustic field condition at low frequencies (50-100
Hz).
Chapter 3 describes the instrumentation setup and measurements devices and
the modal qualification of airborne sound insulation chambers of INRIM labora-
tories.
In Chapter 4, 5 and 6, the modal approach is introduced for airborne sound
insulation measurement in laboratory and a new descriptor with proper normaliza-
tion term is proposed on the basis of theoretical calculation and experimental tests.
The analysis of uncertainty is then performed for modal sound pressure level and
modal sound insulation measurements. Finally, the modal approach in the scale
model is evaluated in order to examine in depth normalization term previously
introduced, to validate the extension of modal sound insulation to the whole low
frequency range and to compare reproducibility standard deviations obtained from
standard and modal approaches.
Chapter 7 is focused on the measurement of reverberation time in non-diffuse
sound field at low frequencies with two methods (direct and indirect) and different
source signals are analysed. A first uncertainty evaluation is also presented.
In the end, the impact sound insulation at low frequencies is dealt in Chapter
8. New descriptors according to the modal approach are introduced and first
experimental evidences are shown.
Chapter 2
Theory
In this chapter a basic background theory about the sound propagation in en-
closed spaces, i.e. in spaces containing homogeneous fluid, air, and completely
delimited by rigid or partially rigid boundaries typical of building acoustics labo-
ratory rooms, is described. Besides, a description of main building acoustic mea-
surements involved in the research, related to ISO standards, is showed.
2.1 Acoustic field in enclosed spaces
2.1.1 The wave theory
The starting point for the representation of sound field in a room is the classical
wave theory [25, 42, 43]:
∇2p = 1
c2
∂2p
∂t2
(2.1)
where p is the sound pressure and c is the velocity of sound. Assuming a har-
monic time law for the pressure with an angular frequency ω, i.e. p = pω(r)e
iωt,
where r represents the three spatial coordinates, the Helmholtz equation is ob-
tained
∇2pω(r) + k2pω(r) = 0 (2.2)
where k = ω/c is the wavenumber. Furthermore, assuming that the room
under consideration has locally reacting walls and ceiling as boundary conditions,
the velocity component normal to any wall is
vn = − 1
iωρ0
∂p
∂n
(2.3)
Replacing vn with p/Z, where Z is the wall impedance, the previous equation
becomes
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Z
∂p
∂n
+ iωρ0p = Z
∂p
∂n
+ ikcρ0p = 0 (2.4)
where ρ0 is the air density. The wave equation yields non-zero solutions ful-
filling the boundary condition (Eq. 2.4) only for particular discrete values of kn,
called eigenvalues, where n represents a trio of integers. Each eigenvalue kn is as-
sociated with a solution ψn(r), which is the eigenfunction of the considered room,
or distribution function. Providing a fixed value for k = ω/c, i.e. the driving fre-
quency of a sound source, it is possible to prove that eigenfunctions are mutually
orthogonal: ∫ ∫ ∫
V
ψn(r)ψm(r)dV =
{
V Λn
0
for n = m
for n 6= m (2.5)
where V is the volume of the closed space and Λn is some dimensionless constant
depending on the shape of the function ψn. It is possible to evaluate acoustical
properties of the room knowing all the eigenvalues and eigenfunctions. Now, con-
sidering, for the real case, a distribution of sound sources over the room volume
represented by a density function q(r) and a driving frequency ω, the Helmholtz
equation modifies in the following way:
∇2pω(r) + k2pω(r) = −iωρ0q(r) (2.6)
with the same previous boundary equations. Since eigenfunctions form an
orthogonal set of functions, source function can be expanded in series of ψn:
q(r) =
∑
n
Qnψn(r) with Qn =
1
V Λn
∫ ∫ ∫
V
ψn(r)q(r)dV (2.7)
Furthermore, also solutions pω(r) can be expanded in eigenfunctions:
pω(r) =
∑
n
Anψn(r) (2.8)
The insertion of both series in Eq. 2.6 leads to∑
n
An(∇2ψn + k2ψn) = −iωρ0
∑
n
Qnψn (2.9)
Using ∇2ψn = −k2nψn, from Helmholtz equation, and equating term by term
in the equation above, the following relations are obtained:
An(−k2nψn + k2ψn) = −iωρ0Qnψn (2.10)
An = iωρ0
Qn
k2n − k2
(2.11)
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Considering a point source at the point r0 with an amplitude of total air outflow
from the source Q0, the source function can be represented by a delta-function:
q(r) = Q0δ(r− r0) (2.12)
In this way, Qn terms in Eq. 2.7 become
Qn =
1
V Λn
Q0ψn(r0) (2.13)
Using Eq.s 2.13, 2.10, and 2.8, the sound pressure in a generic point r of the
room generated by a point source placed in r0 at frequency ω is
pω(r) = iQ0ωρ0
∑
n
ψn(r)ψn(r0)
V Λn(k2n − k2)
(2.14)
It is important to underline that the same sound pressure level is obtained
exchanging source position r0 with observation position r. This is the so called
reciprocity theorem which can be applied with advantage in room acoustics mea-
surements.
Since boundary conditions are usually complex, kn term can be expressed by
kn =
ωn
c
+ i
δn
c
(2.15)
Assuming that δn  ωn, Eq. 2.14 becomes
pω(r) = ic
2Q0ωρ0
∑ ψn(r)ψn(r0)
V Λn(ω2n − ω2 + 2iδnωn)
= c2Q0ωρ0
∑ ψn(r)ψn(r0)
V Λn(2δnωn + i(ω2 − ω2n))
(2.16)
This equation represents the transmission function of the room between the
points r and r0. Angular frequencies ωn are called eigenfrequencies, or resonant
frequencies, or natural modes of the room. The equation shows that the steady-
state pressure wave at a point (x, y, z) is the sum of the waves corresponding to the
different normal modes of the room, each with amplitude proportional to the values
of the standing wave at the source and at (x, y, z). Larger sound pressure values
are obtained for a driving frequency coincident with a resonant frequency ω = ωn.
The δn term is defined as the damping constant of the n-th mode. Damping term
regulates the amplitude, the width of the resonant peak curves (Fig. 2.1) and
lowers the value of the resonant frequency (as seen from the maximum curve).
This last behaviour can be neglected as the condition of δn  ωn is assumed.
Therefore, for a sound source positioned at xs, ys, zs, the mean-square sound
pressure level at a receiver point x, y, z, that is associated with the n-th mode,
represented by three indexes l, m, n, is calculated by
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Figure 2.1: Resonant frequency amplitude as function of damping δn.
< p2l,m,n(x, y, z, xs, ys, zs) >t=
∣∣∣∣∣ c2ωρ0Q0ψl,m,n(x, y, z)ψl,m,n(xs, ys, zs)V Λl,m,n√4ω2l,m,nδ2l,m,n + (ω2 − ω2l,m,n)2
∣∣∣∣∣
2
(2.17)
This is the general expression of sound field for enclosed spaces which is valid
for each room with any shape, volume and damping property. In the following
Section, a particular case (rectangular room and rigid boundaries) is considered in
order to provide a more intuitive explanation of the physical phenomenon involved,
the modal sound field.
2.1.2 Normal modes in rectangular rooms with rigid bound-
aries
In order to provide a real and tangible explanation of a sound field in a common
closed space, a rectangular room with rigid walls or boundaries and Lx, Ly, Lz
dimensions is considered (Fig. 2.2).
In cartesian coordinates, the wave equation is written as
∂2p
∂x2
+
∂2p
∂y2
+
∂2p
∂z2
− 1
c2
∂2p
∂t2
= 0 (2.18)
Assuming an harmonic dependence on time, it can be written as (Helmholtz
equation in cartesian coordinates):
∂2p
∂x2
+
∂2p
∂y2
+
∂2p
∂z2
− k2p = 0 (2.19)
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Figure 2.2: Dimensions of a rectangular room.
The acoustic pressure p can be expressed as the product of three components
px, py, pz
p(x, y, z) = px(x)py(y)pz(z) (2.20)
In this case, Helmholtz equation becomes
1
px
d2px
dx2
+
1
py
d2py
dy2
+
1
pz
d2pz
dz2
= −k2 (2.21)
and can be separated in three different equations
d2px
dx2
= −k2x ,
d2py
dy2
= −k2y ,
d2pz
dz2
= −k2z (2.22)
with
k2x + k
2
y + k
2
z = k
2 (2.23)
and boundary conditions for rigid walls (i.e. |Zx| = |Zy| = |Zz| =∞)
dpx
dx
= 0 for x = 0 and x = Lx (2.24)
and the same for py and pz components.
Eq. 2.21 has a general solution
px(x) = Acos(kxx) +Bsin(kxx) (2.25)
According to boundary conditions (Eq. 2.24), B = 0 and kxLx must be an
integral multiple of pi. The constant kx must therefore assume one of the allowed
values
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kx =
nxpi
Lx
(2.26)
Similarly the allowed values of ky and kz are
ky =
nypi
Ly
(2.27)
kz =
nzpi
Lz
(2.28)
Inserting these values in Eq. 2.23 resonant frequencies for a three-dimensional
rectangular room are obtained:
fn =
kc
2pi
=
c
2
[(
nx
Lx
)2
+
(
ny
Ly
)2
+
(
nz
Lz
)2]1/2
(2.29)
where n is the set of the three indexes nx, ny, nz and defines the eigenfrequen-
cies, or the modal frequencies, or simply natural modes of the room. The steady
state eigenfunction (Eq. 2.20) associated with these eigenvalues is given by
p(x, y, z) = Ccos(
nxpix
Lx
)cos(
nypiy
Ly
)cos(
nzpiz
Lz
) (2.30)
where C is the amplitude of the three-dimensional standing wave and it is
necessary to add the time-dependence eiωt in order to get the complete solution.
The product of the three cosines is responsible of the large fluctuation of sound
pressure in the room, i.e. in the space domain. The numbers nx, ny, nz indicate
the number of nodal planes perpendicular to the x-axis, y-axis, z-axis, respectively
and their different combinations distinguish three types of modes: axial, tangential
and oblique (Fig. 2.3 and 2.4).
Figure 2.3: Representation of the three kinds of modes in a rectangular room.
• Axial modes correspond to waves which propagate along a Cartesian axis
and two indexes are equal to 0;
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Figure 2.4: Sound pressure distribution in a rectangular space for different modes.
• Tangential modes correspond to waves which propagate in parallel to a pair
of walls and are reflected by the other two couples of walls and are represented
with an index equal to 0;
• Oblique modes are three-dimensional waves reflected by the other couples of
walls and are represented by a set of indexes different from 0.
To show the modal distribution in the frequency domain, it is useful to in-
troduce the following geometrical representation: wavenumbers kx, ky, kz, are
interpreted as Cartesian coordinates in a k-space. Each of the allowed values of
kx, given by Eq. 2.26 corresponds to a plane perpendicular to the kx-axis. The
same holds for the values of ky and kz, given by Eq- 2.27. These three equations
therefore represent three sets of equidistant, mutually orthogonal planes in the
k-space (Fig. 2.5).
Since for one eigenvalue these equations have to be satisfied simultaneously,
each intersection of three mutually orthogonal planes corresponds to a certain
eigenvalue. These intersections in their totality form a rectangular point lattice
in the k-space. The lattice points corresponding to tangential and to axial modes
are situated on the coordinate planes and on the axes, respectively. This repre-
sentation allows a simple estimation of the number of eigenfrequencies which are
located between the frequency 0 and some other frequency. Geometrically, Eq.
2.23 represents a spherical surface in the k-space with radius k enclosing a volume
4pik3/3. On the other hand, since the distance between a certain lattice point and
its nearest nighbours is in the three coordinates directions pi/Lx, pi/Ly, pi/Lz, the
k-volume per lattice point is pi3/LxLyLz = pi
3/V . The number of lattice points
enclosed in a sphere with radius k, which is equivalent to the number of resonant
frequencies between 0 Hz and a generic frequency f , is given by:
Nf =
pik3/6
pi3/V
=
4pi
3
V
(
f
c
)3
(2.31)
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Figure 2.5: Modal lattice in the k-space.
The average density of eigenfrequencies nf , i.e. the number of eigenfrequencies
per Hz at the frequency f is
nf =
dNf
df
= 4piV
f 2
c3
(2.32)
On the basis of last equations, the modal overlap factor MOF is defined as the
degree of overlap of two following modes in the frequency domain and is given by
MOF =
∆f−3dB
∆f
= ∆f3dBnf (2.33)
where ∆f−3dB is the half bandwidth corresponding to a 3 dB decrease from the
peak of the resonant frequency and ∆f is the average frequency spacing between
mode frequencies (see Fig. 2.6).
When MOF  1 there is no overlap between two following modes and the
frequency response is characterized by deep troughs between two modes. With
increasing values of M , adjacent modes tend to overlap more and more until they
cannot be distinguished from one another (MOF  1). The term ∆f−3dB is
directly proportional to the modal damping (see Eq. 2.34) and inversely propor-
tional to modal reverberation time T (see the following Section 2.3 for a deeper
discussion):
∆f−3dB =
δn
pi
=
2.2
T
(2.34)
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Figure 2.6: Different modal overlap ratios for adjacent modes, MOF  1 and
MOF = 1.
In this way, Eq. 2.33 becomes
MOF =
∆f−3dB
∆f
= nf
2.2
T
= 8.8piV
f 2
c3
2.2
T
(2.35)
The value MOF = 3 has been conventionally defined as a limit value to dis-
tinguish the modal field (MOF < 3) from the diffuse field (MOF > 3); see Fig.
2.7.
Figure 2.7: From modal to diffuse sound field in the frequency domain.
Inserting such value in Eq. 2.35 it is possibile to define the cut-off frequency,
or the Schroeder frequency fs as
fs ≈ 2000
√
T
V
(2.36)
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The Schroeder cut-off frequency depends only on the reverberation time and
room volume. For small rooms with volumes less than 60 m3 and typical rever-
beration time of 1.5 s, the Schroeder frequency is around 300 Hz. Below such
frequency sound field is characterized by large fluctuation in space and frequency
domain (modal field, or non-diffuse field), while above fs the acoustic field is de-
fined a diffuse field due to the almost uniform response in space and frequency.
2.1.3 Modal sound field in rectangular rooms with non-
rigid boundaries
A theory for a generic room with non-rigid walls and a theory for a rectangular
room with rigid walls have been discussed so far. Now, a rectangular room with a
sound source and non-rigid boundaries is supposed, which represent the most com-
mon case for standard dwellings and for most of laboratory rooms. Basic starting
equations, boundary conditions and solutions are the ones discussed previously,
Eq. 2.9,2.4, 2.17. The resonant frequencies associated to a rectangular room are
given by Eq. 2.29 assuming that δn  ωn. For a rectangular room spatial distribu-
tion functions ψl,m,n in Eq. 2.17 for receiver and source positions can be written,
according to Eq. 2.30, as:
ψl,m,n(x, y, z) = cos
(
lpix
Lx
)
cos
(
mpiy
Ly
)
cos
(
npiz
Lz
)
(2.37)
ψl,m,n(xs, ys, zs) = cos
(
lpixs
Lx
)
cos
(
mpiys
Ly
)
cos
(
npizs
Lz
)
(2.38)
The set of the three indexes l, m, n can represent axial, tangential or oblique
modes, according to their combination. It is evident that, for source and receiver
points in the one of the eight corners of the room (x = 0, Lx; y = 0, Ly; z = 0, Lz);
ψl,m,n(xcorner, ycorner, zcorner) = 1, and the mean-square sound pressure level (Eq.
2.17) reaches the maximum value. As a consequence, all axis, tangential and
oblique modes have, in commmon, greatest energy at corners of rectangular room.
This is a crucial aspect of the modal approach applied to the sound insulation
measurement at low frequency discussed in Chapter 4.
Furthermore, for a rectangular room, the constant dimensionless term Λl,m,n
can be seen as the reciprocal of the product of lmn (if l=0, then l=1 else l=2;
if m=0, then m=1 else m=2; if n=0, then n=1 else n=2). In general Λl,m,n is
equal to 1/2, 1/4 or 1/8 for axial, tangential or oblique modes respectively.
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2.2 Airborne sound insulation
The airborne sound insulation of a partition between two rooms is defined as the
ability to reduce the acoustic energy that propagates through air from the source
room to the receiving room. When a wavefront bears on the surface of a partition,
different phenomena appear: the wave energy is converted in a forced mechanical
vibration; part of such mechanical energy is converted back into acoustic energy
as transmitted (in the receiving room) and reflected acoustic radiation; another
part is dissipated into thermal energy and a last part is structurally transmitted
and radiated in the receiving room (flanking transmission).
A typical airborne sound insulation laboratory comprises two rooms: a source room
and a receiving room separated by a test element. In laboratory, it is assumed
that all sound is transmitted via the test element while the flanking transmission
is neglected. Laboratory airborne sound insulation measurements are primarily
used to compare the sound insulation provided by different test elements and to
calculate the sound insulation in situ.
The transmission coefficient τ is defined as the ratio of the sound power transmitted
by the test element W2 to the sound power incident on the test element W1
τ =
W2
W1
(2.39)
The standard parameter used to define the sound insulation property of a
partition is the so called sound reduction index, or transmission loss, R, in decibels
that is expressed as
R = 10log10
(
1
τ
)
= 10log10
(
W1
W2
)
(2.40)
Around the fundamental resonant frequency of the partition f0, the trend of
sound reduction curve shows a dip (see Fig. 2.8). Before and after such frequency,
sound reduction increases with a trend of 6 dB/Octave. Since most of partitions
present a resonant frequency in the low frequency range (< 200 Hz), it is possible
to obtain non-zero values of sound insulation also for lower frequencies, i.e. in the
frequency range of 50-100 Hz.
2.2.1 Sound insulation in diffuse field condition
By assuming that the sound fields in the source and receiving room are diffuse
(i.e. above Schroeder frequency, see Section 2.1.2) it is possible to calculate the
incident and the transmitted sound power from sound pressure level (Lp) measure-
ments in each room. To find these sound powers, the first step is to calculate the
sound intensity incident upon any surface in a diffuse field, which is given by
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Figure 2.8: Trend of sound reduction curve,R, around the fundamental resonant
frequency of the partition.
I1 =
< p21 >t,s
4ρ0c
(2.41)
where < p2 >t,s is the temporal and spatial average mean-square sound pressure
in the diffuse field, ρ0 is the air density and c is the sound speed in air. The power
that is incident upon the test element in the source room is
W1 = I1S =
< p21 >t,s
4ρ0c
S (2.42)
where S is the area of the test element. The power transmitted through the
partition to the equivalent absorption area A must equal the sound intensity in the
receiving room. Rooms not only have absorbent surfaces, but they also contain
absorbent objects (e.g. furniture, air). The absorption area A is defined as the
ratio of the sound power absorbed by a surface or object to the sound intensity
incident upon the surface or object and describes all the absorption in the room
using a single area (unit of measurement, m2). Hence, for an absorption area A,
in the receiving room the transmitted power is defined as
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W2 = I2A =
< p22 >t,s
4ρ0c
A (2.43)
Combining Eqs 2.39, 2.42 and 2.43 the following relation is obtained:
τ
< p21 >t,s
4ρ0c
S =
< p22 >t,s
4ρ0c
A (2.44)
and
1
τ
=
< p21 >t,s
< p22 >t,s
S
A
(2.45)
which is converted to decibels to give the sound reduction index (SRI)
R = 10log10
(
< p21 >t,s
< p22 >t,s
)
+ 10log10
(
S
A
)
= Lp1 − Lp2 + 10log10
(
S
A
)
(2.46)
where Lp1 and Lp2 are the temporal and spatial average sound pressure levels
in the source and receiving rooms respectively.
Figure 2.9: Outline sketch of a transmission suite for airborne sound insulation
measurements.
Laboratory airborne sound insulation is regulated by ISO 10140-2:2010 stan-
dard which contains the guidelines to evaluate sound insulation property of a
building element such as walls, floors, doors, windows, shutters, facade elements,
glazing, small technical elements, etc. The measurements of sound reduction index
(Eq. 2.46) are performed in laboratory test facilities in which sound transmis-
sion via flanking paths is suppressed. The test results can be used to compare
the sound insulation properties of building elements, classify elements according
to their sound insulation capabilities, help design building products which require
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certain acoustic properties and estimate the in situ performance in complete build-
ings. Two horizontally or vertically adjacent rooms are used, the source room and
the receiving room. The test element is mounted in an opening of about 10 m2
in the partition between those rooms. In the source room, a diffuse sound field is
generated by a moving loudspeaker or loudspeakers at two or more fixed positions.
The average sound pressure levels are measured in the source and receiving rooms
with continuously moving microphones 0.7 m distant from room boundaries, nor-
mally in the frequency range between 100 Hz and 5000 Hz. Although Schroeder
frequencies can reach values of about 350 Hz for typical laboratory room volumes
between 50 m3 and 150 m3, the sound field in this frequency range is convention-
ally considered diffuse for practical reasons. The equivalent sound absorption area
in the receiving room is calculated from reverberation time measurements by
A =
0.161V
T
(2.47)
where V is the receiving room volume and T is the reverberation time of the
receiving room (see Section 2.3), defined as the time required, in seconds, for the
average sound in a room to decrease by 60 dB after a source stops generating
sound.
2.2.2 Sound insulation in non-diffuse field condition
Sound transmission in non-diffuse field condition, i.e. for frequencies much
lower than Schroeder frequency fs, below 100 Hz for the small laboratory rooms,
needs another scientific dissertation as diffuse field approximations (for example
sound intensity formulation in Eq. 2.41) are not valid. As stated in Section 2.1.2,
non-diffuse field is characterized by large fluctuation of sound pressure levels in
space and frequency domains due to the presence of standing waves. For this
reason, starting from wave theory (Section 2.1.1), a theoretical model is obtained
for the study of the sound transmission between two rooms through the partition.
Theory is based on C. H. Jo and S. J. Elliott work and supported by P. M. Morse
studies [44-46]. Acoustic field in source and receiving rooms and motion of the
panel can be written as modal expansions, solutions of the proper differential
equations for each physical system (source room, partition and receiving room).
The following boundary conditions are assumed for the theoretical model:
• rectangular rooms as boundary conditions in order to simplify solutions of
equations;
• sound transmission only from source to receiving room since the opposite
transmission can be neglected;
• no framework in the test opening in order to simplify coupling factors (Eq.
2.56 and 2.61);
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• no flanking transmission (experimentally verified);
• simple acoustic source at a corner of source room, so source distribution term
can be described by a simple harmonic source with an amplitude Q0 and the
source distribution term ψ
(1)
l,m,n(r0) = 1 (see Section 2.1.3).
Acoustic field in source room
Sound pressure in the rectangular source room with dimensions L
(1)
x , L
(1)
y , L
(1)
z ,
at a frequency ω in the point x1 = (x1, y1, z1), obtained from the ”forced” (source)
and ”damped”(boundary absorption, Eq. 2.15) wave equation (Eq. 2.6) with the
addition of the time dependence, can be described as (see Eq. 2.8)
p(1)(x1, ω, t) =
∞∑
l1m1n1=0
A
(1)
l1m1n1
(ω)ψ
(1)
l1m1n1
(x1)e
−iωt (2.48)
where l1, m1, n1 are the modal integers of source room and ψ
(1)
l1m1n1
is the modal
distribution function (see Eq. 2.37):
ψ
(1)
l1m1n1
(x1) = cos(
pil1x1
L
(1)
x
)cos(
pim1y1
L
(1)
y
)cos(
pin1z1
L
(1)
z
) (2.49)
Modal amplitudes are expressed by (see Eq. 2.10)
A
(1)
l1m1n1
(ω) =
ρ0c
2ωQ0
V1Λl1m1n1 [2ωl1m1n1δl1m1n1 + i(ω
2 − ω2l1m1n1)
(2.50)
where ρ0 is the air density, c is sound speed, Q0 is the acoustic source volume
velocity at frequency ω, V1 is the source room volume, Λl1m1n1 is 1/2, 1/4 or 1/8 for
axial, tangential and oblique modes respectively, δ
(1)
l1m1n1
is the modal absorption
(or modal damping factor), and ω
(1)
l1m1n1
is the resonant frequency of the related
mode and is given by
ωl1m1n1 = pic
√√√√( l1
L
(1)
x
)2
+
(
m1
L
(1)
y
)2
+
(
n1
L
(1)
z
)2
. (2.51)
Velocity of the partition
The vibration of the partition with dimensions L
(p)
y e L
(p)
z is induced only by
acoustic field in source room and the governing equation can be written as
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D
(
∂2
∂y2
+
∂2
∂z2
)(
∂2
∂y2
+
∂2
∂z2
)
v +M
∂2v
∂t2
=
∂p(1)(x1, ω, t)
∂t
(2.52)
where D is the complex flexural stiffness of partition, M is the mass per unit
area and v is the velocity of the partition.
The velocity of the partition in the point xp = (yp, zp), can be expressed as series
of structural modes:
v(p)(xp, ω, t) =
∞∑
q,r=1
A(p)qr (ω)φ
(p)
qr (xp)e
−iωt (2.53)
q and r are partition modal integers and φqr(xp) is the modal distribution
function of the partition:
φqr(xp) = 2sin
(
piqyp
L
(p)
y
)
sin
(
pirzp
L
(p)
z
)
. (2.54)
Partition modal amplitudes, forced by source room acoustic field, neglecting
receiving room influence, is given by:
A(p)qr (ω) =
∞∑
l1m1n1=0
G
(1)
l1m1n1,qr
(ω)A
(1)
l1m1n1
(ω) (2.55)
where A
(1)
l1m1n1
is the amplitude of the n-th source room mode and G
(1)
l1m1n1
is
the source room-partition coupling factor given by
G
(1)
l1m1n1,qr
(ω) =
2ω
Λl1m1n1pi
2iL
(p)
y L
(p)
z M [(1 + iη)ω2qr − ω2]
·
· (1− (−1)q+m1) (1− (−1)r+n1) · q
(q2 −m21)
r
(r2 − n21)
(2.56)
where η is the hysteretic damping factor, M is the mass per unit area, ω
(p)
qr is
the resonant frequency of the related mode described by
ω(p)qr = pi
2
√
D
M
( q
L
(p)
y
)2
+
(
r
L
(p)
z
)2 (2.57)
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Acoustic field in receiving room
Sound pressure field in the receiving room with dimensions L
(2)
x , L
(2)
y , L
(2)
z , gen-
erated by the motion of the partition, is expressed by:
p(2)(x2, ω, t) =
∞∑
l2m2n2=0
A
(2)
l2m2n2
(ω)ψ
(2)
l2m2n2
(x2)e
−iωt (2.58)
where l2, m2, n2 are the modal integers of receiving room and ψ
(2)
l2m2n2
is the
modal distribution function, similar to Eq. (2.49). Modal amplitudes are expressed
by Eq. (2.59):
A
(2)
l2m2n2
(ω) =
∞∑
qr=1
G
(2)
qr,l2m2n2
(ω)A(p)qr (ω) = (2.59)
=
∞∑
qr=1
G
(2)
qr,l2m2n2
(ω)
∞∑
l1m1n1=0
G
(1)
l1m1n1,qr
(ω)A
(1)
l1m1n1
(ω) (2.60)
where G
(2)
qr,l2m2n2
(ω) is the partition-receiving room modal coupling factor given
by
G
(2)
qr,l2m2n2
=
2Spρ0c
2ω
V2Λl2m2n2 [2ωl2m2n2δl2m2n2 + i(ω
2 − ω2l2m2n2)]
·
· (1− (−1)q+m2) (1− (−1)r+n2) q
(q2 −m22)
r
(r2 − n22)
(2.61)
where Sp is the partition surface, while all other terms have the same meaning
of Eq. (2.50) and (2.51) for source room.
2.3 Modal reverberation time
At this point it is necessary to introduce the concept of reverberation time,
previously mentioned. When a sound source present in a room suddenly stops
to emit a sound signal, the sound energy decays because of the mechanisms of
absorption present in the room. This phenomenon is called reverberation, and it
is usually assessed by a decay curve, which is a graph of the sound pressure level
over time. The reverberation time is defined as the time (in seconds) for the sound
pressure level to decay by 60 dB or, in terms of energy, it is the time for the
energy to decay to one-millionth of its initial value. This definition fits well to the
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Figure 2.10: Ideal linear decay curve.
decay curve, which is obtained under diffuse field condition, in which the curves
are obtained as shown in Fig. 2.10.
Most of the curves can be approximated by a straight line for all the 60 dB of
decay, but it is not always true if high background noise is present. The definition
of reverberation time thus needs to integrate also the case to obtain reverberation
time by the use of a linear regression on a minor decay in terms of energy (e.g. 30
dB) or only on a part of the curve, in order not to necessarily consider a decay of
60 dB. Multiples of 60 (15, 20 or 30 dB) are used to calculate the Tx, where x is
related to the value of ∆Lp considered. It is however important to note that, even
without considering the 60 dB decay, reverberation time must always be related to
that value, so obtained reverbaration time values from the ”minor” decays have to
be proportionally multiplied to get the time referred to a (hypothetical) decay of
60 dB. The first point used for the linear regression starts 5 dB below the beginning
of the decay, in order not to consider possible interference due to the transient and
the possible bias due to measurement instruments.
In diffuse field conditions (above the Schroeder frequency), as it has been seen
before the behavior of sound field is statistical, and the frequency response of
the room is flat. This is due to the fact that the room modes are not spaced,
and the peaks corresponding to the resonant frequencies are so close as to be
indistinguishable. In this case, therefore, the measurement of the reverberation
time simply consists of averaging the decay of a certain frequency band (usually
octave or third octave bands, usually from 100 Hz on), and curves similar to that
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shown in Fig. 2.10, with a linear decay long enough to calculate T60. In the case
of non-diffuse field, the decay curve may not be approximated by a straight line
across the entire range of the 60 dB decay. This is due to the fact that, given a
certain frequency band, the shape of the curve depends on the room modes that
fall in that octave or third octave band, and the interaction between them. An
example is shown in Fig. 2.11: if within the considered frequency band, there
are two modes (with different decay times), the decay curve presents two different
slopes, and the decay of the band is non-linear. In this case it is more useful and
physically correct to evaluate reverberation time of each single mode of the room
(Tn,60 or just Tn).
Figure 2.11: Non-linear decay curve due to the interaction of two modes in a third
octave band.
Considering a rectangular room with reactive surfaces and dissipative prop-
erties, it is supposed to give energy to the resonant system via a sound source
that emits a sinusoidal signal at a resonant frequency of the room. In reality,
although the use of a source that emits a frequency different from a resonance, the
source excites also modes close to the considered frequency as it supplies energy
into the system according to its modal frequencies. When the source emission is
interrupted, at time t = 0, the wave continues its path defined by that particular
mode (see Fig. 2.3): part of its energy is reflected by the walls, and another part
is dissipated from the air in the room.
Considering the decay of a single n-th mode, the squared sound pressure, pro-
portional to its energy, becomes:
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p2(t) = p2(0)e−2δnt (2.62)
where δn is the decay constant of the n-th mode, or the modal damping constant
seen in Eq. 2.16 and gives information about the half bandwidth of the resonant
frequency (Fig. 2.12) according to the formula:
ω1 = ω0 − δn (2.63)
ω2 = ω0 + δn (2.64)
∆ω−3dB = ω2 − ω1 = 2δn (2.65)
∆f−3dB =
δn
pi
(2.66)
as seen in Eq. 2.34.
In order to evaluate the reverberation time of a single mode after a 60 dB decay
of the sound pressure level (Tn), the following formulations are obtained [43]
LTn − L0 = −60 = 10log10
(
p2(Tn)
p2(0)
)
(2.67)
p2(Tn)
p2(0)
= e−2δnTn = 10−6 (2.68)
2δnTn = 6ln10 (2.69)
δn =
3ln10
Tn
(2.70)
∆f−3dB =
δn
pi
=
3ln10
piTn
=
2.2
Tn
(2.71)
and so the modal reverberation time of a single mode can be expressed by
Tn =
2.2
∆f−3dB
(2.72)
where ∆f−3dB is the half bandwidth of the resonant frequency.
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Figure 2.12: Half bandwidth of the n-th resonant frequency.
In this way a relation between the resonance width and the modal reverber-
ation time is shown. Note how this indirect definition of the reverberation time
is very well suited for modes which are easily identifiable and well spaced, i.e. in
non-diffuse field condition. It is important to underline that the ISO regulations
regarding the measurement of reverberation time (ISO 3382-2:2008) does not take
into account the peculiarities of the sound field at low frequencies, but the last
result opens the way to an indirect method of measurement that fits with the
characteristics of the physical phenomenon.
2.4 Impact sound insulation
Impact sound insulation measurement evaluates the reduction of noise gener-
ated by an impact source on a floor structure. It is determined by impact sound
level in the room below. For the airborne sound insulation the ratio of the sound
power that is incident on the test element to the sound power transmitted by the
same element is determined. As long as the sound transmission process from one
room to the other is a linear process, it is possible to make measurements using
loudspeakers with different sound power outputs and still obtain the same sound
insulation value. To measure the impact sound insulation it is necessary to in-
ject power into the floor using a structure-borne sound source. Although there
are methods for measuring power input from different possible sources which are
difficult and time-consuming to be accurately evaluated, a standardized and pri-
mary source is preferred: the ISO tapping machine, described in ISO 10140-5:2010
standard [47] and made of 5 hammers (0.5 kg each), that fall from a height of 40
cm every 100 ms (frequency of 10 Hz if all hammers are considered). Laboratory
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measurement of impact sound insulation, described in ISO 10140-3:2010, requires
measurement of the temporal and spatial average sound pressure level (SPL) in
a room, Lp (see Section 2.2.1), when the floor above is excited by the tapping
machine (Fig. 2.13).
Figure 2.13: Laboratory measurement of impact sound insulation.
For a given sound power transmitted into the receiving room, the mean-square
pressure in the room is inversely proportional to the absorption area A of that
room. The normalized impact sound pressure level, Ln is therefore defined by
using a reference absorption area A0 of 10 m
2 for the receiving room to guarantee
reproducible measurements in different laboratories.
Ln = Lp + 10log10
(
A
A0
)
(2.73)
There are many different types of floor covering ranging from soft floor coverings
to rigid walking surfaces. Another important variable in impact sound insulation
measurements is the improvement of impact sound insulation due to the presence
of a floor covering on the base floor or bare slab. The heavyweight base floor can
generally be referred to as a 140 mm reinforced concrete slab; the exact details
are given in ISO 10140-5:2010. The improvement of impact sound insulation ∆L
is measured using the ISO tapping machine and is defined as:
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∆L = Ln0 − Ln (2.74)
where Ln0 is the normalized impact sound pressure level for the ISO heavy-
weight base floor without floor covering and Ln is the normalized impact sound
pressure level with the floor covering.
The most common floor coverings can be divided in two categories: floating
floors and resilient surface layers.
Figure 2.14: Transmissibility curve of the simple oscillator (damped mass-spring
system).
For floating floors (a rigid floor covering on a resilient layer), i.e. a damped
mass-spring system, motion transmissibility of the associated simple oscillator
(Fig. 2.14) has a peak around the resonant frequency of the system given by
[48]:
f0 =
1
2pi
√
s′tot
M
(2.75)
where s′tot is the dynamic stiffness of the resilient layer and M is the mass per
unit area of the floor covering.
Around the resonant frequency, noise level is amplified, entailing negative val-
ues of improvement of impact sound insulation (∆L < 0). For frequencies below
the resonance, transmissibility is equal to 1, so insulation values can be approx-
imated to 0. The resonant frequency of the mass controls the starting insula-
tion frequency while the damping controls the insulation curve slope. The same
conclusions are valid for resilient surface layers except for the fact that there is
no amplification of noise levels around the resonant frequencies which are deeply
damped and that insulation curve slope are generally flatter.
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Chapter 3
Preliminary measurements
3.1 Instrumentation: measurement devices and
setup
A brief description of measurement devices used in the experimental tests is
presented as follows. A measurement microphone, with its impedance adapter
and preamplifier, and an external acquisition board with its analysis software, are
used to record the acoustic signal. A different software, another external audio
interface, a power amplifier and a loudspeaker are used for the generation of the
source signal. The measurement devices shown below are the same for all building
acoustics measurements in laboratory, except for scale model measurements.
Microphone
Figure 3.1: Microphone B&K 4165.
The Bruel & Kjaer 4165 is the 1/2” microphone used for measurements. Its
frequency response is linear in a wide frequency range (10-1000 Hz), in particular
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Figure 3.2: B&K 4165 frequency response.
in the low frequency range (20-200 Hz). Corner measurements reported in the
following Chapters mean that the microphone is placed at a minimum distance of
5 cm from the three walls of the corner.
Microphone preamplifier and power amplifier
Figure 3.3: G.R.A.S. 12AK and B&K 2706.
The microphone preamplifier is the G.R.A.S. 12AK, with gain set to 0 and
linear filter. The power amplifier of the source signal is the Bruel & Kjaer 2706,
with attenuation set to 0. The gain is set in order to get total sound pressure
levels around 100 dB.
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Acoustic source and source signals
The acoustic source consists of a closed-box loudspeaker with a 15-inch cone
in order to generate suitable low frequency sound pressure levels.
Figure 3.4: Closed-box loudspeaker.
Different source signals are used. In the case of sinusoidal signal, it is simply
created by the software (described in the next section related to the generation
and data acquisition) at the selected frequency. For the statistical noise signal,
some clarifications are necessary. First, noise is defined as a signal with a par-
ticular spectral energy density function. Depending on the type of noise, such
density function is different, therefore the amount of energy for each frequency
band changes. Pink noise has the peculiarity to contain the same energy for con-
stant percentage bands (i.e. third octaves or octaves), therefore the energy within
the low frequency bands is greater than high frequency bands. This type of noise
is structured to compensate for the sensitivity of the human ear at different fre-
quencies and it is also used for the equalization of the sound fields in listening
rooms or concert halls.
Signal generation and data acquisition
For the generation of source signals, the Sound Forge audio editing software is
used. The preamplification of source signal is controlled by the USB audio interface
M-Audio Fast Track Pro. For what concerns the data acquisition, the National
Instrument Sound and Vibration measurement suite, with its acquisition board
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Figure 3.5: M-Audio interface and Nation Instruments acquisition board.
Figure 3.6: Nation Instruments - Sound and Vibration tool software.
are used. High resolution spectrum measurements (0.1 Hz or 0.25 Hz), obtained
through temporal averages of sound pressure levels, are executed in order to detect
resonant frequency curve. The types of averages used, depending on the source
signal, are: the linear average for pink noise or sinusoidal signals and the peak
hold for sweep signal (a signal in which the frequency increases or decreases with
time and constant amplitude). The waterfall measurements, which represent the
temporal evolution of the frequency spectrum, are used to determine the sound
decay for reverberation time measurements. For this type of measurement, the
ratio between the frequency resolution and the time resolution is constant, and,
since the amount of computing power required to record a large number of spectra
over time is very large, there are limitations: in this case, a spectrum every 0.1 s,
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and a frequency resolution of 0.25 Hz are chosen. The plot of waterfall analysis is
obtained by 3 dimensional graph (frequency, pressure level sound and time).
3.2 Characterization of acoustic source
To obtain an accurate measurement at low frequencies, it is necessary to use a
sound source that could provide high sound pressure levels at frequencies above 30
Hz and has a frequency response as linear as possible at all frequencies. For this
reason a closed-box loudspeaker, with a 15-inch speaker, described above, is used.
In Fig. 3.7 the frequency response of the source, measured in free-field (outdoor
on a meadow) at different distances (1 m, 2 m and 3 m from the center of the
cone) with a pink signal, is shown. From 45 Hz to 112 Hz (the lower and upper
bounds of 50 Hz and 100 Hz third octave bands respectively) there are differences
in the order of 7 dB, which appear to be easily filled up with an equalization
when performing measurements; while from 45 Hz to 200 Hz, there are differences
around 15 dB, the limit of equalization.
Figure 3.7: Loudspeaker frequency response at different distances.
Equalization process is necessary in order compensate modal behaviour of the
loudspeaker cone as seen in the frequency response. In this way, evaluation of
the natural modes of laboratory rooms is more accurate and possible errors in the
detection of modes due to not linearized source signal are minimized. In Fig. 3.8,
the loudspeaker frequency response in the low frequency range (30-400 Hz) with
the application of equalization to the pink noise signal is shown.
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Figure 3.8: Linearized loudspeaker frequency response.
3.3 Modal qualification of airborne sound insu-
lation laboratory rooms
Figure 3.9: Ideal grid of 125 points in source and receiving rooms.
The laboratory for airborne sound insulation measurements consists of two
rooms, source and receiving rooms, and the test element, as described in Section
2.2. The complexity of boundary conditions due to the coupling system (room-
partition-room for airborne sound insulation measurments) makes necessary a deep
study of modal behaviour of laboratory rooms. It consists in the determination
of modal distribution in space and frequency domains of the source and receiving
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rooms natural modes and the source room transmitted modes within the receiving
room, according to the modal approach, previously touched on Chapter 1, and
deepened in the following one. Source and receiving room dimensions are 4.300
m 3.858 m 3.442 m and 4.310 m 4.078 m 3.422 m, respectively, and volumes
are around 60 m3. The geometry of the rooms is not perfectly rectangular due to
the presence of a concrete framework around the test opening in order to reduce
flanking transmissions. All measurements are executed with the loudspeaker, de-
scribed above, placed at a corner of the room emitting the equalized pink noise
signal to get high modal excitation. Rooms were subdivided in an ideal grid of
125 points (5x5x5 along the three axis and equally spaced) and punctual sound
pressure level measurements, Lp, were performed (Fig. 3.9).
3.3.1 Spatial distribution of source and receiving room nat-
ural modes
Source and receiving room natural modes are evaluated separately. Such mea-
surements are performed with a partition composed of expanded clay concrete
blocks (10 cm thickness) covered with a 15 mm plaster layer. Since source and
receiving rooms are not perfectly rectangular, theoretical calculations of resonant
frequencies are different with respect to measured ones (Table 3.1).
Source room Receiving room
Theoretical Measured Theoretical Measured
modes /Hz modes /Hz modes /Hz modes /Hz
40.3 42.4 40.2 41.4
42.5 45.9 41.6 42.9
50.4 51.9 50.7 50.9
58.6 63.3 57.9 61.3
64.6 66.8 64.7 65.3
65.9 70.8 65.6 66.8
77.3 79.2 76.9 80.7
80.7 81.7 80.5 84.7
85.0 85.2 83.3 93.7
91.2 92.7 90.6 99.2
94.1 94.2 92.5 107.1
95.1 98.2 95.1 110.1
98.8 101.2 97.5 114.1
100.8 103.1 101.3 118.1
104.2 105.1 103.8 120.1
Table 3.1: The first 15 theoretical and measured natural modes. In bold, natural
modes reported in Fig. (3.10) and (3.11).
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Figure 3.10: Spatial distribution of a source room natural mode (105.1 Hz).
Figure 3.11: Spatial distribution of a receiving room natural mode (50.9 Hz).
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In both chambers, modal sound field presents large SPL fluctuations in space
with the highest values at corners of rooms for each resonant frequency as for
perfectly rectangular room theoretical case. Examples of spatial distribution of
source (105.1 Hz) and receiving room modes (50.9 Hz) are shown in Fig. 3.10
and 3.11 respectively. Dark grey planes correspond to floor (Z = 1) and ceiling
(Z = 5) heights, light grey planes to intermediate ones (Z = 2; 3; 4). Zero values
of SPL are due to the presence of the loudspeaker (no measurement at that corner
position).
3.3.2 Spatial distribution of source room transmitted modes
into receiving room
Figure 3.12: Spatial distribution of a source room natural mode transmitted into
receiving room (70.25 Hz).
From the sound insulation modal theory (Section 2.2.2 and Chapter 1), source
room natural modes are transmitted into receiving room. Since some source and
receiving room eigenfrequencies are coincident in the frequency domain (similar
room dimensions), spatial distribution of transmitted source room modes into re-
ceiving room is evaluated for non-coincident modes in order to avoid modal overlap.
Measurements are operated with a different partition with respect to the previous
one. It is composed as follows: plasterboard (12.5 mm), plaster layer (15 mm), per-
forated brick (8x24x24 cm), plaster layer (15 mm), expanded clay concrete blocks
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(25x20x25 cm), plaster layer (15 mm), perforated brick (8x24x24 cm), plaster layer
(15 mm), plasterboard (12.5 mm). As for the case of natural modes, transmitted
modes are characterized by large sound pressure level fluctuations in space and
highest levels at corners of room. In Fig. 3.12, an example of spatial distribution
of a source room natural mode transmitted into receiving room is reported (70.25
Hz). It is important to underline that the use of a different partition, that changes
source room x dimension with respect to the previous one, entails different eigen-
frequencies (70.25 Hz source room mode does not appear in Table 3.1 for such
reason).
Chapter 4
Airborne sound insulation at low
frequency: the modal approach
As seen in Section 2.2, the standard descriptor of sound insulation, i.e. the
sound reduction R, is related to the transmission coefficient τ that is defined
as the ratio of the sound power transmitted by the test element to the sound
power incident on the test element. Assuming diffuse field, sound reduction is
expressed as the difference between average sound pressure levels in the source
and receiving rooms plus a term depending on equivalent absorption area, A.
Application of such approach to non-diffuse field condition, strictly connected to
boundary conditions entails low reproducibility values of sound insulation and
it is not representative for the correct physical phenomena involved (low modal
density, not uniform acoustic field in space and frequency domains). Furthermore,
it is not possible to correctly define the incident and transmitted sound power
in such modal acoustic field according to standard approach. Even if it could
be possible to determine the sound power emitted by a building element how
could it be correlated to the modal sound field and the real acoustics perception?
Indeed, non-diffuse field represents a different physical phenomenon and has to
be treated in a proper way in order to get reliable results with all connected
problems (dependency on geometry of rooms and partition, modal absorption of
walls, room volumes, modal match, etc). As described in Chapter 1, the evidence of
transmission of source room modes into the receiving room through the partition,
as showed and confirmed by experimental results [31], allows to introduce a new
approach in the evaluation of sound insulation with respect to classical diffuse
field one: the sound insulation property of a partition can be evaluated through a
descriptor of modal sound transmission loss, i.e. the attenuation of source room
modes passing through the partition into the receiving room. Such evaluation
allows to shift from a statistical point of view in terms of average sound pressure
levels, typical of diffuse field condition, to a discrete one, focused, in frequency
domain, on source room modes and, in space, on the points of highest sound
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pressure levels, or highest modal excitation (corners of rectangular rooms). From
a perceptive point of view, such spatial positions are also representative of greatest
annoyance and, in the perspective to evaluate the sound insulation property of a
wall in the modal sound field, it is in accordance with such definition.
4.1 The modal sound insulation
Once localized highest modal excitation points, i.e. corners of laboratory rooms
(Section 3.3), sound pressure level measurements are performed (closed-box loud-
speaker emitting equalized pink noise at a corner of source room, 1/2” microphones
at 7 corners of source room and at 8 corners of receiving room, see Section 3.1).
Corner position means a distance of about 5 cm from all 3 neighbouring walls.
Spectrum analysis is realized through FFT (frequency resolution of 0.25 Hz, tem-
poral linear average of 60 s), instead of third octave bands, in order to identify
all modes. Although Schroeder frequency is around 350 Hz in both chambers
and a condition of diffuse field from 100-125 Hz on (one-third octave bands) is
conventionally accepted as modal density is high enough, measurements and data
analysis focuses on frequencies below 120 Hz (the upper bound of 100 Hz third
octave band is 112 Hz). Different partitions are evaluated, but, for simplicity, only
results related to a specific one are reported in order to focus only on the mea-
surement procedure. The layered partition is composed as follows: plasterboard
(12.5 mm), plaster layer (15 mm), perforated brick (8x24x24 cm), plaster layer
(15 mm), expanded clay concrete blocks (25x20x25 cm), plaster layer (15 mm),
perforated brick (8x24x24 cm), plaster layer (15 mm), plasterboard (12.5 mm).
For each microphone position, a FFT spectrum is obtained (7 for source room, 8
for receiving room). In the perspective to work in condition of most annoyance,
the highest sound pressure levels are selected for each frequency band in order to
get 2 spectra, for source and receiving rooms respectively (Fig. 4.1).
Both spectra are characterized by a large number of modes (see Table 4.1 for
further details in the following section). In particular, in the receiving room spec-
trum, a higher modal density is clear below 80 Hz due to transmission of source
room modes. At higher frequencies, between 80 Hz and 86 Hz and around 101 Hz,
some source room natural modes cannot be distinguished in the receiving room
spectrum due to modal overlap or high absorption. Some eigenfrequencies are co-
incident with an error range of ±1 Hz in both source and receiving rooms (localized
on the same line in Table 4.1) and can be representative of modal transmission.
Since some source and receiving room natural modes are similar or completely
matching due to comparable dimensions of chambers, some source room trans-
mitted modes and receiving room natural ones overlap, entailing an increase of
modal sound pressure levels in the receiving room and, thus, an underestimation
of modal sound insulation at such frequencies (e.g. 41 Hz, 66.25 Hz, 81.25 Hz, 85
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Figure 4.1: Source and receiving room spectra
Hz, 98.75 Hz, 107 Hz and 117.5 Hz). Only three source room transmitted modes
can be distinguished from receiving room natural ones (e.g. 45.5 Hz, 51.25 Hz,
70.5 Hz).
A first rough analysis to evaluate a descriptor of sound transmission loss (D)
can be expressed by the difference between source (L1) and receiving (L2) rooms
sound pressure level spectra (Fig. 4.2).
Figure 4.2: Sound pressure levels difference between source and receiving room.
The curve is characterized by large fluctuations due to low modal density and
variable curve trends at not resonant frequencies. If the same measurements are
performed in another laboratory with other dimensions, such curve would be dif-
ferent because of different modal composition and resonant half bandwidths (low
reproducibility). For this reason, as for space domain, a point selection in fre-
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quency is necessary in order to guarantee higher reproducibility values.
Point selection is based on the research of reliable modal sound transmission
loss indicator. In the low frequency range, difference between the highest sound
pressure levels of source room modes evaluated in the source and receiving room
respectively can be considered as a descriptor of modal transmission loss, i.e. that
particular property of the partition to prevent the transmission of a mode from
one room to the other, as described in the introduction of this Chapter. Resonant
frequencies, in addition, provide information about the resonant width ∆f−3dB
related to modal absorption (see Eq. 2.63) and are stable in time. Such de-
scriptor of sound transmission loss in non-diffuse field can be represented by the
modal sound insulation (Dmodal(fn)) which is defined as the sound pressure level
difference between natural (L1,max) and transmitted (L2,max) source room modes
(fn = 2piωn = 2piωl1m1n1) evaluated in the positions of highest excitation (corners
of laboratory rooms as stated in previous Chapter).
Dmodal(fn) = 20log10
(
|p(1)max(xcorner, ωn, t)|
|p(2)max(xcorner, ωn, t)|
)
= L1,maxcorner(ωn)− L2,maxcorner(ωn) (4.1)
where ωn = 2pifn.
It is a discrete index as it refers just to source room resonant frequencies and
provides an indication of sound transmission loss of a single mode passing through
the partition from the source to the receiving room. Performing differences between
the corresponding modal sound pressure levels, a representation of modal sound
insulation (Dmodal(fn)) is obtained (Fig. 4.3). Since some eigenfrequencies do not
coincide perfectly (errors in the range of ±1 Hz), source room resonant frequency
values are used as x-coordinates in the representation of modal sound insulation
curve as the transmission of source room natural modes has to be evaluated (Table
4.1).
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Source room modes Receiving room modes Dmodal
fn /Hz Lp /dB f /Hz Lp /dB Dmodal /dB
41.75 99.7 41 73.6 26.2
43.25 53.6
45.5 94.7 45.5 50.1 44.6
50 45.9
51.25 100 51 48.9 51.1
61 37.9
66.25 100.9 66.25 59.4 41.4
70.5 91.3 70.25 51.9 39.4
81.25 87.6 81.25 66.1 21.6
83.5 89
85 86.7 85 72.7 14.0
86 88.3
95.25 61.2
97.75 94 98.75 64.8 29.2
101 90.1
108.5 90.8 107 57.3 33.5
117 85.3 117.25 51.3 34.0
Table 4.1: Measured modes in source and receiving rooms [Hz] and difference
between coincident modes (Dmodal). In bold, receiving room natural modes.
Figure 4.3: The modal sound insulation.
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Figure 4.4: Source and receiving room spectra with indication of source and re-
ceiving room modes.
Since some natural source and receiving room modes are very close or equal
(see frequencies in bold in Table 4.1) due to similar volumes, an overlap (or modal
match) of source room transmitted modes and receiving room natural modes occurs
in the receiving room spectrum (Fig. 4.4). Source and receiving rooms present
8 matching modes. Such problem could induce to an underestimation of modal
sound insulation (see Chapter 6 for a deeper discussion and quantitative analysis).
Figure 4.5: Structural modes of the partition.
The modal sound insulation curve provides an indication of modal transmis-
sion loss. In particular the curve presents a minimum at 85 Hz, which can be
related to the resonant frequency of the partition (Fig. 4.5). Such comparison
makes modal sound insulation measurement a significant sound transmission loss
descriptor. Although the possibility to get a denser curve instead of considering
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only source room modes, operations with non-resonant frequencies are not reliable
sound transmission loss descriptors because of their variable and unpredictable
behaviour. For this reason, the focus on source room modes can be considered the
best choice to possibly get a reliable descriptor of modal sound insulation in order
to get higher reproducibility values. High values of signal-to-noise ratio for each
mode in the chambers make the influence of background noise negligible. Applica-
tion of the correction for background noise level, according to ISO 10140−4:2010,
does not show variations in the Dmodal curve. Furthermore, two different sound
source signals are tested: 30 s sweep from 20 Hz to 200 Hz and pink noise. In
the first case, smoother source and receiving room spectra are obtained and con-
sistent modal sound insulation values previously measured with pink noise signal
(see Appendix A for further details).
4.2 Normalization terms
Reproducibility values of sound insulation measurements strongly depend on
normalization terms. The modal sound insulation, see Eq. (4.1), aims to evaluate
the transmission loss of a source room mode (fn = 2piωn = 2piωl1m1n1) passing
through the partition and directly depends on sound pressure levels measured at
corners of source and receiving rooms, i.e. on the ratio between sound pressure
in source and receiving rooms. Analytical and complete solution for sound pres-
sure in source room can be obtained combining Eqs. (2.48), (2.49) and (2.50)
while for sound pressure in receiving room Eqs. (2.58), (2.59), (2.56), (2.61) and
(2.50). Modal sound transmission theory entails quite complex analytical solution
of acoustic field and simple normalization terms associated to modal sound insu-
lation cannot be obtained. Several consideration and approximation are necessary
(see Appendix B for more details and calculations):
• Modal sound insulation derives from corner measurements of sound pressure
levels (x1 = 0, Lx y1 = 0, Ly z1 = 0, Lz). For such reason, modal distribution
functions for source (ψ
(1)
l1m1n1
) and receiving room (ψ
(2)
l2m2n2
) turns into 1 (see
Eq. (2.49)).
• In the evaluation of modal sound insulation at a specific source room mode
(ω = ωl1m1n1), summation in the source room sound pressure equation can be
reduced to one term since the others can be neglected. The same assumption
can be transposed to receiving room sound pressure equation, although it is
characterized by a product of three summations. We are considering just
the highest term related to source room, partition and receiving room modal
amplitudes. For ω = ωl1m1n1 , source room sound pressure amplitude is the
maximum (ω2l1m1n1 − ω2 = 0) and receiving room pressure amplitude is the
maximum when (ω2l2m2n2−ω2) is the minimum, i.e. when ω2l2m2n2 is very close
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to ω2 = ω2l1m1n1 . Physically speaking, given a forced oscillation source at a
specific source room mode ω = ωl1m1n1 , influence of the other modes, which
is mathematically given by summations, can be neglected with respect to the
emitted one. The same reasoning is considered when a receiving room mode
excited by a source room mode is taken into account. Such assumption
is indirectly verified: the use of noise signal (excitation of all frequencies)
or sine waves at specific source room modes (excitation of other modes is
negligible with respect to emitted one), modal sound insulation results are
very similar (see Appendix A).
• Reduction of summations to one term entails simplification of source room
modal amplitude term A
(1)
l1m1n1
(ωl1m1n1) in the modal sound insulation equa-
tion (Eq. (4.1)), since it appears in both sound pressure terms (Eq. (2.48)
and (2.58)).
Previous assumptions make Dmodal depending on coupling terms (Eq. (2.56)
and (2.61)) in which only partition and receiving room terms appear. Now, an-
other step of simplification occurs: as partition property and dimensions are the
same when sound insulation measurements are carried out in different laboratories
as stated in ISO 10140−5:2010 and considering some coupling indexes terms in
Eq. (2.56) and (2.61) equal to 1 (otherwise it is 0 but transmitted mode appears),
modal sound insulation measurements in different laboratories depend only on
receiving room volume V2 (influences of the other coupling indexes,
q
(q2−m21) and
r
(r2−n21) , and environmental parameters, ρ0 and c, are negligible). Fixing a stan-
dard value for receiving room volume (V2,0), normalized modal sound insulation
becomes:
Dmodal,nV (fn) =
= 20log10
(
|p(1)max(xcorner, ωn, t)|
|p(2)0,max(xcorner, ωn, t)|
)
=
= 20log10
(
|p(1)max(xcorner, ωn, t)|
|p(2)0,max(xcorner, ωn, t)|
· V2
V2
)
=
= 20log10
(
|p(1)max(xcorner, ωn, t)|
|p(2)max(xcorner, ωn, t)|
V2,0
V2
)
=
= Dmodal − 20log10
(
V2
V2,0
)
(4.2)
where |p(2)0,max(xcorner, ωn, t)| ∝ 1V2,0 is the normalized receiving room pressure
term.
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It is evident that receiving room volume is the main term that affect modal
sound insulation descriptor. Reference standard receiving room volume is set on
V2,0 = 50m
3, typical of a standard laboratory room. This reference value is just
a proposal and has to be discussed and, eventually, modified. V2 is 57 m
3. Intro-
duction of normalization term in the modal sound insulation Dmodal,nV entails a
downward translation with respect to Dmodal curve (see Fig. 4.6). Reproducibility
measurements and evaluation of normalization terms are discussed in the following
Chapters.
Figure 4.6: Comparison between Dmodal and Dmodal,nV .
As stated above, such operation is a first and simple normalization. As a
matter of fact, since Dmodal inversely depends on the modulus of the product of
the coupling terms (Eqs. (2.56) and (2.61)), the influence of denominator terms
in G
(2)
qr,l2m2n2
(Eq. 2.61) related to receiving room, i.e. |2ωl2m2n2δl2m2n2 + i(ω2 −
ω2l2m2n2)|, the damping term and modal match term, respectively, are not negli-
gible. As concerns the damping term, modal sound insulation could be affected
by the presence of a sound absorber in the receiving room that could entail an
underestimation of the sound pressure level of that particular source room trans-
mitted mode in the receiving room and, as consequence, provide higher modal
sound insulation values.
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Figure 4.7: Modal dampings of source and receiving room modes.
In laboratory conditions, damping term effect is negligible: modal damping
terms δl1m1n1 or δl2m2n2 are similar (see Fig. 4.7) since rooms are not equipped
with particular low frequency absorbers (e.g. Helmholtz resonators) and are built
with the same materials. Evaluation of modal dampings δn is obtained by calculus
of half bandwidth (∆f−3dB) by an interpolation of resonant peak with a Lorentzian
function (an example is showed in Fig. 4.8). On the other hand, the modal match
term (ω2−ω2l2m2n2) is not negligible except for, rarely in laboratory, very different
source and receiving room modes, for which their mutual interaction is weak.
Further and more detailed experimental results are reported in Chapter 6.
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Figure 4.8: Evaluation of resonant half bandwidth ∆f−3dB through a Lorentzian
fit (examples for receiving room 45.5 Hz and 117 Hz resonant frequencies).
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4.3 The extension to the whole low frequency
band
Because of the discrete nature of modal sound insulation, a new method is
also introduced in order to extend it to the whole low frequency range in the 50
Hz, 63 Hz, 80 Hz and 100 Hz one-third octave bands (from 44 Hz to 112 Hz,
the lower and upper bounds respectively). Considering a laboratory room with
a different volume V and dimensions (Lx, Ly, Lz), it is possible to assume that
resonant frequencies can shift in frequency and move along the envelope of source
and receiving room spectra, i.e. along the curve that connects, point-by- point,
source resonance peaks (linear fit, Fig. 4.9) [49].
Figure 4.9: Envelope of source room resonant frequencies.
In this way, modal sound insulation (both for Dmodal and Dmodal,nV ) is ex-
tendible to the whole 44-112 Hz range (Fig. 4.10) and a third octave band rep-
resentation is possible (Fig. 4.11). Furthermore, sound reduction integrated with
modal sound insulation is shown (Fig. 4.12). It is important to underline that
they refer to different measurement procedures and different physical meanings.
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Figure 4.10: Extended modal sound insulation to the whole low frequency range.
Figure 4.11: Third octave band representation of modal sound insulation.
Figure 4.12: Sound reduction index (R) integrated with modal sound insulation
(Dmodal and Dmodal,nV ).
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Chapter 5
Evaluation of uncertainty budget
In this Chapter, a first evaluation of uncertainty for measurement of room
modes and modal sound insulation is reported as follows. Detailed results are
deepened in each Section.
5.1 Type A and combined standard uncertainty
of room modes
A first evaluation of room modes measurement uncertainty, based on GUM
guideline [50], is performed in the receiving room of impact noise laboratory (3.618
m x 4.015 m x 3.498 m). The volume is about 51 m3. The temperature inside
the chamber is 23.5 ◦C. The measurement setup consists of the devices described
in Chapter 3.1. Source and microphone are placed in two different corners of the
room. After calibrating the microphone and generating a pink noise signal from
the source, a FFT spectrum analysis (linearly averaged for 60 second) of sound
pressure level, Lp = 20log10(p/p0), is performed. Such measurement is repeated 4
times to evaluate type A uncertainty.
In Table 5.1 the measured modes are reported.
For simplicity, the statistical analysis is only extended to the first five resonant
frequencies (42.9 Hz, 47.2 Hz, 50.2 Hz, 63.8 Hz, 66 Hz). In Table 5.2 and Fig. 5.1,
sound pressure levels obtained from 4 consecutive measurements (repeatability)
are shown.
Given n observations, the arithmetic mean of a quantity q is defined as:
q =
1
n
n∑
i=1
qi (5.1)
Variability of qi observations is due to random effects that influence the measur-
ing quantity. The experimental standard deviation of the probability distribution
of q is given by
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fn /Hz f /Hz
42.9 98.0
47.2 99.5
50.2 100.4
63.8 103.8
66.0 107.0
68.9 109.2
81.2 110.1
85.9 110.9
94.5 115.3
Table 5.1: Summary of measured modes.
fn /Hz Lp1 /dB Lp2 /dB Lp3 /dB Lp4 /dB
42.9 76.8 77.3 78.0 76.7
47.2 74.3 74.4 75.2 74.0
50.2 75.2 75.9 74.4 75.7
63.8 77.9 78.6 77.7 77.8
66.0 75.2 76.1 75.1 75.3
Table 5.2: Sound pressure levels of 4 repetitions for the first room modes.
s(qi) =
√√√√ 1
n− 1
n∑
j=1
(qj − q)2 (5.2)
The experimental standard deviation of the mean is given by
s(q) =
s(qi)√
n
(5.3)
In Table 5.3, averages and repeatability standard deviations related to the
4 sound pressure level measurements (since level differences are less than 3 dB
it is possible to perform the average of dB values instead of energetic average)
associated to the five selected resonant frequencies are shown.
Assuming a normal distribution for a measurand q, the expanded uncertainty
associated with q is given by:
U = t(ν)s(q) (5.4)
where t(ν) is a factor associated to the t-Student distribution that depends on
the number of degrees of freedom (in this case 3) and the significance to be hired;
s(q) is the standard deviation. Assuming a confidence level of 95 % and a number
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Figure 5.1: Sound pressure level spectra of 4 repetitions
fn /Hz Lp /dB s(Lpi) /dB
42.9 77.2 0.6
47.2 74.5 0.5
50.2 75.3 0.7
63.8 78.0 0.4
66.0 75.4 0.5
Table 5.3: Average and experimental standard deviations of measured modes.
of degrees of freedom equal to 3 a value of t(ν) ≈ 3.18 is obtained. In this way the
expanded uncertainty for each frequency becomes (Table 5.4):
fn /Hz Lp /dB U(Lp) /dB
42.9 77.2 1.9
47.2 74.5 1.6
50.2 75.3 2.1
63.8 78.0 1.3
66.0 75.4 1.4
Table 5.4: Type A expanded uncertainty of modal sound pressure levels
Now, the uncertainty contribution of measurement setup, through evaluation of
combined uncertainty (with uncorrelated input quantities), is evaluated. In acous-
tics, sound pressures p are evaluated by output voltage T , knowing microphone
sensitivity S (p = T/S). In this way, sound pressure levels are given by:
Lp = 20log10
(
p
p0
)
= 20log10
( T
S
p0
)
(5.5)
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The output voltage from the microphone has a resolution, provided by the
manufacturer, of 1.19·10−6 V. The sensitivity of the microphone, given by the
manufacturer, is 4.84·10−2 V/Pa and its accuracy is 5.57·10−4 V/Pa. The uncer-
tainty of a quantity y is given by:
u(y) =
√√√√ m∑
i=1
u2i (y) (5.6)
where m is the number of variables in the model y, ui(y) is the uncertainty
contribution due to the variable i and is expressed as
u2i (y) = c
2
iu
2(xi) (5.7)
where ci is the sensitivity coefficient and can be approximated by
ci =
∆y
∆xi
=
(y + ∆y)− y
∆xi
=
[y(xi + ∆xi)]− y
∆xi
(5.8)
where ∆xi is an infinitesimal increment of variable i. In this specific case,
since p0 is a reference value which is not associated to uncertainty, the uncertainty
associated to Lp, for each of the five resonance frequencies selected, is given by:
u(Lp) =
√
u2T (Lp) + u
2
S(Lp) (5.9)
where
u2T (Lp) = c
2
Tu
2(T ) (5.10)
u2S(Lp) = c
2
Su
2(S) (5.11)
cT =
∆Lp
∆T
(5.12)
cS =
∆Lp
∆S
(5.13)
For each selected frequency, output voltage T is measured, as shown in Table
5.5.
Using the uncertainty table and a coverage factor k equal to 3 for both variables,
u2(T ), which is a contribution of category B, and u2(S), which is a contribution
of category A, are obtained. For example, the uncertainty table (Fig. 5.2), for
a single mode (42.9 Hz), and the results of the calculations of the uncertainties,
related to T (Table 5.6) and S (Table 5.7), are shown.
With 5 degrees of freedom and assuming a confidence level of 95% (correspond-
ing to a coverage factor of approximately 2.57) for each frequency an expanded
uncertainty associated to the corresponding Lp given in Table 5.8 is obtained.
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fn /Hz T /V
42.9 6.67·10−3
47.2 5.03·10−3
50.2 5.58·10−3
63.8 7.64·10−3
66.0 5.57·10−3
Table 5.5: Output voltage for each selected mode.
Figure 5.2: Uncertainty table for 42.9 Hz mode.
fn /Hz u
2(T ) /V2 cT /dB/V u
2
T (Lp) /dB
2
42.9 1.2·10−13 1.3·10−3 2.0·10−7
47.2 1.2·10−13 1.7·10−3 3.5·10−7
50.2 1.2·10−13 1.6·10−3 2.9·10−7
63.8 1.2·10−13 1.1·10−3 1.5·10−7
66.0 1.2·10−13 1.6·10−3 2.9·10−7
Table 5.6: Uncertainty related to T .
The percentage ratio between the combined and the type A uncertainty of
Lp (expanded uncertainty U(Lp)) for each frequency (Table 5.9) shows a greater
influence of type A uncertainty, due to random fluctuations in the repetition of
the measurement, rather than to errors related to the measurement devices. As a
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fn /Hz u
2(S) /(V/Pa)2 cS /dB Pa/V u
2
S(Lp) /dB
2
42.9 7.9·10−8 -1.8·102 2.5·10−3
47.2 7.9·10−8 -1.8·102 2.5·10−3
50.2 7.9·10−8 -1.8·102 2.5·10−3
63.8 7.9·10−8 -1.8·102 2.5·10−3
66.0 7.9·10−8 -1.8·102 2.5·10−3
Table 5.7: Uncertainty related to S.
fn /Hz u(Lp) /dB U(Lp) /dB
42.9 5·10−2 1.3·10−1
47.2 5·10−2 1.3·10−1
50.2 5·10−2 1.3·10−1
63.8 5·10−2 1.3·10−1
66.0 5·10−2 1.3·10−1
Table 5.8: Combined expanded uncertainty of Lp.
matter of fact, the acoustic field is subject to fluctuations due to various factors
(changes in temperature, density, speed of sound, speed of vibration of the source
membrane) that can not be completely controlled, especially in building acoustics.
fn /Hz Ucomb(Lp) / UtypeA(Lp) %
42.9 7.0%
47.2 8.0%
50.2 6.2%
63.8 10.2%
66.0 9.0%
Table 5.9: Ratio between combined and type A uncertainties.
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5.2 Repeatability of modal sound insulation mea-
surement
Repeatability measurements of modal sound insulation is performed (see Sec-
tion 4.1). Since uncertainty of measurement devices is negligible, as seen before
for modes measurement, modal sound insulation uncertainty is evaluated through
repeatability measurements in terms of repeatability standard deviation, the tra-
ditional procedure of uncertainty assessment in building acoustics (ISO 12999-
1:2014) [51]. The repeatability is defined as the closeness of the agreement between
the results of successive measurements of the same measurand carried out under
the same conditions of measurement [50]. 4 modal sound insulation measurements
are performed on a heavyweight partition in laboratory rooms with a pink noise
source signal. Results are reported in Table 5.10 and plotted in Fig. 5.3.
fn /Hz Dmodal1 /dB Dmodal2 /dB Dmodal3 /dB Dmodal4 /dB
42.00 8.3 8.2 6.28 7
51.50 17.9 20.4 18.8 20.0
66.25 21.1 22.9 22.6 23.0
70.25 14.6 16.0 16.5 15.4
84.25 9.7 10.0 9.9 10.1
97.75 7.5 6.6 7.9 6.7
105.50 7.8 8.0 9.8 9.0
109.50 21.9 22.2 21.4 21.9
113.00 28.9 25.1 24.2 25.3
fn /Hz Dmodal /dB s(Dmodal) /dB s(Dmodal) /dB U(Dmodal) /dB
42.00 7.4 1.0 0.5 1.5
51.50 19.3 1.2 0.6 1.8
66.25 22.4 0.9 0.4 1.4
70.25 15.6 0.8 0.4 1.3
84.25 9.9 0.2 0.1 0.2
97.75 7.2 0.6 0.3 1.0
105.50 8.7 0.9 0.5 1.5
109.50 21.9 0.4 0.2 0.7
113.00 25.9 2.1 1.0 3.3
Table 5.10: Repeatability results of modal sound insulation.
After the application of the extension to the whole low frequency range (ac-
cording to Section 4.3), representation of modal sound insulation repeatability is
depicted in Table 5.11 and Fig. 5.4.
Repeatability standard deviation values are within the limits fixed by ISO
12999-1:2014 for the low frequency third octave bands. Since volume normalization
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Figure 5.3: Modal sound insulation discrete curves of the 4 repetitions. Error
bars correspond to repeatability expanded uncertainty of the mean for the 95%
confidence level.
fn /Hz Dmodal1 /dB Dmodal2 /dB Dmodal3 /dB Dmodal4 /dB
50 15.4 17.7 15.9 16.8
63 19.6 21.8 21.1 21.7
80 10.7 10.9 11.1 11.0
100 8.8 8.5 9.6 8.7
fn /Hz Dmodal /dB s(Dmodal) /dB s(Dmodal) /dB U(Dmodal) /dB
50 16.4 1.0 0.5 1.6
63 21.0 1.0 0.5 1.6
80 10.9 0.2 0.1 0.3
100 8.9 0.5 0.2 0.7
Table 5.11: Repeatability results of modal sound insulation in one-third octave
bands.
term in repeatability measurements is non influential (same laboratory rooms), it
is evaluated separately in the next Section about reproducibility measurement.
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Figure 5.4: Modal sound insulation in one-third octave bands of the 4 repetitions.
Error bars correspond to repeatability expanded uncertainty of the mean for the
95% confidence level.
5.3 Reproducibility of modal sound insulation
measurement
A first reproducibility measurement of modal sound insulation is performed in
the 2 airborne sound insulation INRIM laboratories on the same lightweight layered
partition. Reproducibility is defined as the closeness of the agreement between the
results of measurements of the same measurand carried out under changed condi-
tions of measurement [50]. Results of discrete modal sound insulation values, with
proper repeatability measurement to verify the dispersion (standard deviation),
are reported in Tables 5.12, 5.13 and in Fig. 5.5, 5.6.
Results, extended in third octave bands, are reported in Table 5.14 and Fig.
5.7, 5.8. The qualitative trend of modal sound insulation is similar except for
quantitative discrepancies. A good agreement is evident for 80 Hz and 100 Hz
one-third octave bands, while for 50 Hz and 63 Hz one-third octave bands, the
agreement decreases due to the presence of strong modal match with receiving
room first modes (40-70 Hz). These modes are quite stable in time and frequency
and are more influential than the volume normalization term which is not suffi-
cient to increase reproducibility. In the following Chapter receiving room volume
normalization term is discussed in depth. Inter-laboratory tests are necessary for
a more accurate uncertainty and reproducibility assessment.
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fn /Hz Dmodal /dB Dmodal,nV /dB
42.00 17.4 15.6
47.00 25.9 24.1
51.50 30.6 28.9
66.75 37.5 35.8
71.50 41.4 39.7
82.00 33.2 31.5
84.50 45.6 43.9
88.50 44.1 42.4
96.00 33.3 31.6
99.25 44.7 43.0
103.50 47.7 46.0
107.25 49.8 48.1
113.25 50.1 48.4
Table 5.12: Modal sound insulation in Lab. 1. In bold most influential matching
modes.
fn /Hz Dmodal /dB Dmodal,nV /dB
42.00 18.4 16.7
45.00 12.9 11.2
52.00 33.6 31.8
64.00 20.5 18.8
66.50 27.5 25.8
69.00 30.5 28.8
86.25 43.4 41.7
96.50 36.3 34.6
107.75 51.7 49.9
110.75 34.9 33.2
113.75 37.2 35.5
Table 5.13: Modal sound insulation in Lab. 2. In bold most influential matching
modes.
Lab. 1 Lab. 2
fn /Hz Dmodal /dB Dmodal,nV /dB Dmodal /dB Dmodal,nV /dB
50 30.3 28.6 22.9 21.4
63 35.5 33.8 25.8 24.1
80 39.1 37.4 38.2 36.5
100 43.2 41.5 39.1 37.5
Table 5.14: Reproducibility results of modal sound insulation in one-third octave
bands in the 2 INRIM laboratories.
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Figure 5.5: Modal sound insulation comparison in Lab.1 and 2. Error bars cor-
respond to repeatability expanded uncertainty calculated for the 95% confidence
level.
Figure 5.6: Normalized modal sound insulation comparison in Lab.1 and 2. Er-
ror bars correspond to repeatability expanded uncertainty calculated for the 95%
confidence level.
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Figure 5.7: Modal sound insulation comparison in Lab.1 and 2. Error bars cor-
respond to repeatability expanded uncertainty calculated for the 95% confidence
level.
Figure 5.8: Normalized modal sound insulation comparison in Lab.1 and 2. Er-
ror bars correspond to repeatability expanded uncertainty calculated for the 95%
confidence level.
Chapter 6
Analysis of modal sound
insulation in the scale model
Modal sound transmission and insulation are evaluated in the 1:8 scale model at
the Applied Acoustics Dept. in PTB (Braunschweig, Germany) [52]. In particular,
it is necessary to investigate the validity of normalization term and the extension
method to the whole low frequency range, to make a comparison of reproducibility
measurements between standard and modal sound insulation descriptors and to
evaluate the influence of modal match.
6.1 Measurement setup
The 1:8 scale model of an airborne sound insulation laboratory (a source and
a receiving room) consists of 38 mm thick medium density fiber boards (Fig. 6.1).
The scale model is effectively used to carry out studies on the influence of
geometric parameters: the basic idea of the investigation is to vary the size of
source and receiving rooms to evaluate the influence of normalization term and
to check the extension to the whole low frequency range through modal spectra
envelope method mentioned in Chapter 4. For this reason, source and receiving
room Lx dimension can be varied from 40 cm to 90 cm, shifting the mobile wall
facing the test object, whereas Ly=45 cm and Lz=38 cm are fixed for both rooms.
The test object, a gypsum board, is hung on a crane and fits the opening of the
test facility. For what concerns instrumental devices, 1/4” microphones and an
hexahedrons source of about 40 mm edge length, with one loudspeaker on each
surface, are used for the generation and acquisition of the sound field (Fig. 6.2).
Data acquisition and frequency analysis are provided by OROS Multi-channel
Analyzer connected to a laptop with its own dedicated software.
Since the airborne sound field in the room has to be similar to the original case,
the ratio between the wavelength and the room dimensions has to be constant.
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Figure 6.1: The 1:8 scale model of an airborne sound insulation laboratory.
This means that for the 1:8 scale model, a reduction by a factor of 8 is compen-
sated by increasing the measurement frequency by the same factor. Therefore, low
frequency range of 50-100 Hz corresponds to the 400-800 Hz range in the scale
model. The same is obtained for the FFT spectrum resolution: if in laboratory
measurements a resolution of 0.25 Hz is reached, in the scale model it corresponds
to 2 Hz. The source signal used is a pink noise from 100 Hz to 1600 Hz. According
to the modal approach, microphones and source are placed at the corners of the
rooms (4 corners of each room are investigated).
6.2 Evaluation of volume normalization term
As stated in Chapter 4.2, normalized modal sound insulation is associated to
the receiving room volume, according to Eq. 4.2. The validity of such term is
checked by changing progressively the receiving room volume (volume variations
from -30% to 60% with respect to source room volume), shifting the mobile wall
from Lx=40 cm to Lx=90 cm with steps of 10 cm and performing modal sound
insulation measurements, according to the procedure introduced in Chapter 4.1.
To simplify the evaluation of normalization term, reference volume V0 is set to
0.0684 m2, i.e. the receiving room volume with Lx=40 cm. Source room volume
is left constant during all measurements and, in order to minimize modal match,
at least for x-axis modes, its Lx dimension is fixed at 55 cm. In Fig 6.3, volume
combinations of source and receiving room are shown.
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Figure 6.2: The inner part of the scale model.
Highest modal sound pressure level spectra in source and receiving rooms are
evaluated and shown in Fig. 6.4. Source room spectra are well overlapped as no
volume change is performed. In receiving room spectra, the presence of natural
and transmitted mode is evident. In particular, modes that depend on x dimension
move in frequency and, approaching transmitted mode from source room due to
similar x length (S50 and S60 curves), modal sound pressure level increases (e.g.
around 318 Hz, 502 Hz, 556 Hz, 678 Hz and 828 Hz). Furthermore, modal match
due to equal Ly and Lz lengths is clear and leads to the highest modal sound
pressure levels in the receiving room for 394 Hz, 456 Hz, 596 Hz, 766 Hz resonant
frequencies: in these cases, it is impossible to provide a real indication of sound
insulation property of the partition due to such boundary conditions.
For each volume combination, modal sound insulation and normalized modal
sound insulation values are obtained, depicted in Fig. 6.5, 6.6 and reported in
Table 6.1. The lowest values are reached for matching modes, as sound pressure
levels of source room transmitted modes are increased by receiving room modes.
This leads to an underestimation of modal sound insulation. Whereas, for the other
frequencies, modal sound insulation values are barely affected by modal match.
Analysis of standard deviations (from Table 6.1 and Fig. 6.7) shows no signif-
icant improvement of reproducibility with the introduction of volume normaliza-
tion term. Such result raises a question about the assumptions and simplifications
made in the modal approach theory (Chapter 4.2 and Appendix B) and the effec-
tive weight of volume term in modal sound insulation measurements. Particular
attention has to be paid to modal sound insulation values of matching resonant
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Figure 6.3: Volume combinations of source and receiving rooms.
fn /Hz Dmodal /dB sDmodal /Hz Dmodal,nV /dB sDmodal,nV /dB
318 35.2 4.5 31.3 4.6
394 6.1 1.2 2.2 2.5
456 4.7 1.6 0.8 1.3
502 30.6 5.2 26.7 5.9
556 29.9 4.7 26.0 5.2
596 13.9 3.1 10.0 2.1
678 30.1 5.3 26.2 5.6
736 34.3 3.7 30.4 4.5
766 13.7 2.2 9.8 1.3
828 28.2 6.1 24.3 5.9
856 32.8 0.8 26.2 1.5
904 16.5 3.1 12.6 1.5
952 22.5 8.0 17.1 6.6
986 18.5 3.6 14.6 4.1
Table 6.1: Averages and standard deviations of modal sound insulation (Dmodal)
and normalized modal sound insulation (Dmodal,nV ).
frequencies: low sound insulation values are obtained as expected and also lower
standard deviations are gathered. This is an evidence of the fact that matching
modes are very stable in time and it is the most influential parameter in the evalu-
ation of modal transmission loss of a wall test specimen, through the modal sound
insulation descriptor.
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Figure 6.4: Highest modal sound pressure level spectra in source (S) and receiving
(R) rooms with different volume combinations.
Figure 6.5: Modal sound insulation values obtained with different room combina-
tions. Averages and standard deviations (error bars) are shown in black.
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Figure 6.6: Normalized modal sound insulation values obtained with different room
combinations. Averages and standard deviations (error bars) are shown in black.
Figure 6.7: Comparison between standard deviation of modal sound insulation
and normalized modal sound insulation.
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6.3 The influence of modal match
Since scale model does not have the possibility to change Ly and Lz lengths
in both rooms, modes associated to those dimensions are the same and modal
match strongly influences modal sound insulation measurements as seen above.
An attempt to exclude from the analysis perfectly matching modes or the most
overlapped ones (e.g. 394 Hz, 456 Hz, 596 Hz, 766 Hz, ) is made to provide a real
indication of modal transmission loss of the partition. Results of such selection are
depicted in Fig. 6.8. The selection of low matching modes, representative for a
real description of modal transmission loss of the wall test, provides higher values
of modal sound insulation with respect to the previous ones (Fig. 6.5).
Figure 6.8: Modal sound insulation curve after the exclusion of matching modes
or most overlapped ones.
It is clear how receiving room modes increase their level when source room
transmitted modes approach (see as example receiving room spectra for 318 Hz
in Fig. 6.4). Selection of modes entails also a decrease of modal sound insulation
standard deviations for the remaining resonant frequencies as shown in Fig. 6.9,
and this confirms the goodness of modal selection.
Influence of modal overlap or modal match due to volume coupling is clearer
in the following measurement: fixing Lx of source room at 90 cm, modal sound
insulation measurements are performed with receiving room Lx at 40 cm and 90
cm. Modal sound pressure levels in the receiving room increase due to volume
coupling (Fig. 6.10). As an example, in the first case, first axial source room
transmitted mode (196 Hz associated to Lx=90 cm) is not influenced by a natural
receiving room mode whereas, in the second case, perfect modal match entails an
increase of 30-35 dB of modal sound pressure level at such frequency.
On the basis of this experimental evidence, the influence of receiving room
natural modes to source room transmitted modes as function of the modal overlap
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Figure 6.9: Comparison of modal sound insulation standard deviations calculated
with all modes and after selection of low matching modes.
Figure 6.10: Increase of modal sound pressure levels in the receiving room due to
volume coupling.
degree, i.e. their frequency distance (∆f = fn,source−fn,rec), or Lx length difference
between source and receiving rooms (∆x = Lx,source − Lx,rec), is studied. For this
purpose, source room Lx is fixed at 70 cm and receiving room Lx is changed from 50
cm to 90 cm with an exponential decrease/increase of steps approaching/distancing
equal sizes. 248 Hz source room transmitted mode (first axial mode associated to
Lx=70 cm dimension) increases its sound pressure level as source and receiving
room Lx lengths become similar, as shown in Fig. 6.11.
As depicted in Fig 6.12 and 6.13, the increase of modal sound pressure level as
function of length or frequency differences between source and receiving room is
exponential, as the Kohlrausch-Williams-Watts (KWW) function:
y = a · e−|bx|c (6.1)
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Figure 6.11: Modal sound pressure level with the increase of modal overlap degree.
The fit curve (a=77, b=0.02, c=0.5), in space domain, is shown in Fig. 6.14
(frequency resolution is not high enough to perform the fit in frequency domain).
This result opens the possibility to use a weighted procedure method in order to
avoid problems due to modal match and get a real evaluation of laboratory modal
sound insulation of a partition which could guarantee repeatable and reproducible
values. In the future, it will be necessary to deepen such experimental phenomenon
with further scale model measurements to validate correlation function for other
modes (tangential and oblique).
Another comparison is performed with the scale model inside the anechoic
chamber in order to avoid the influence of modal match. In this case, the receiving
room is removed from the scale model and modal sound insulation measurements
are performed with receiving space microphones placed randomly at 1 cm from
the partition (see Fig. 6.15). The source room Lx length is fixed at 70 cm and
microphones are placed at corners of room, according to the modal approach. In
this way, receiving room modes are suppressed and source room transmitted modes
are entirely evaluated with no modal match.
Result of modal sound insulation for the 248 Hz resonant frequency (the first
axial mode related to Lx=70 cm dimension) is 34.8 dB, a value very similar to that
found in previous measurements: 35.6 dB for source room Lx=70 cm and receiving
room Lx=90 cm, and 36.5 dB for source room Lx=70 cm and receiving room
Lx=50 cm. This first comparison confirms that results without receiving room
and without modal match are consistent each other and a weighting procedure is
possible in order to assess the real modal sound insulation.
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Figure 6.12: Modal sound pressure level as function of Lx length difference between
source and receiving rooms.
Figure 6.13: Modal sound pressure level as function of modal overlap degree in
frequency.
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Figure 6.14: Modal sound pressure level as function of Lx length difference between
source and receiving rooms and fit with a Kohlrausch-Williams-Watts function.
Error bars correspond to the average of modal sound pressure level expanded
uncertainties in Table 5.4.
Figure 6.15: Modal sound insulation measurement performed with the scale model
in the anechoic chamber. Receiving space microphones are placed randomly at 1
cm from the partition.
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6.4 Validation of the extension to the whole low
frequency range
The discrete nature of modal sound insulation requires an extension to the
whole low frequency range and a description in one-third octave bands, in this
way, is possible. In order to do this, in Chapter 4.3 it is supposed that in different
laboratories with different dimensions, modes move along the envelope of source
and receiving room modal spectra. An experimental validation of such assumption
with the use of scale model is provided in this Section. Source room Lx length is
varied from 40 cm to 90 cm, with steps of 10 cm, and receiving room one is fixed
at 55 cm. Spectra obtained for each size combination are depicted in Fig. 6.16.
Figure 6.16: Modal spectra of source (S) and receiving (R) room with different
source room volumes.
Source room modes move in frequency, as well as the transmitted ones in the
receiving room. On the basis of this, envelope of source and receiving room modes
is constructed (Fig. 6.17) and the main matching modes are removed on the basis
of previous results. For each room combination (source room Lx fixed at 55 cm
and receiving room Lx changed from 40 cm to 90 cm, and receiving room Lx
fixed at 55 cm and source room Lx changed from 40 cm to 90 cm, in total 12
modal sound insulation measurements with different room combinations) modal
sound insulations in one-third octave bands are determined, according to procedure
explained in Chapter 4.3, in order to compare such results with the one achieved
by envelope method. As depicted in Fig 6.18, modal sound insulation evaluated
through spectra envelope is consistent with results from other room combinations.
Such comparison provides also a first evaluation of reproducibility of modal sound
insulation (12 room combinations), which is examined in depth in the following
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Section.
Figure 6.17: Envelope of source and receiving room modal spectra with the exclu-
sion of matching modes.
Figure 6.18: Modal sound insulation obtained with spectra envelope (blue curve)
compared to average of modal sound insulation (black curve) evaluated with dif-
ferent room combinations (grey curves). Error bars correspond to reproducibility
expanded uncertainty for the 95% confidence level.
6.5 Reproducibility of different methods
In this part, a first comparison of reproducibility measurements of sound insu-
lation according to modal and standard approaches is carried out. Measurements
of sound insulation D, according to ISO 10140-2:2010, with different room com-
binations (12, explained above) are performed in the scale model. Besides, modal
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sound insulation Dmodal values are also obtained with the same room combinations
with and without the exclusion of main matching modes, as attempted in the pre-
vious Section. Comparisons are depicted in Fig. 6.19 and 6.20. Modal sound
insulation with the exclusion of matching modes provides higher values, since the
influence of receiving room modes, which entail an underestimation of insulation,
is not taken into account. Modal sound insulation and standard sound insula-
tion values are consistent. This is a confirmation of the validity of the extension
to the whole low frequency range: both methods with such boundary conditions
(source and receiving room Ly and Lz are the same) provide similar sound insu-
lation values, although different procedures. Energetic average of sound pressure
levels in one-third octave bands in the inner part of scale model rooms, following
standard procedure, provides similar values obtained with maximum modal sound
pressure levels measured at corner positions as required by the modal approach.
Both measurement methods are mostly influenced by the highest modal sound
pressure levels due to modal match of some source and receiving room modes,
as outlined in Fig. 6.4 for 394 Hz, 456 Hz, 596 Hz, 766 Hz resonant frequencies.
The strong and stable presence of matching modes decreases standard deviation of
sound insulation D and the lowest values are achieved: since matching modes are
very stable in time, standard measurement of sound insulation is less affected by
uncertainties. This makes standard measurement more precise than modal sound
insulation but a question about their accuracy arises since modal sound insulation
is strictly connected with the real perceived sound field and the transmission of
modes in small rooms. The impossibility to change Ly and Lz dimensions of scale
model restricts the comparison of reproducibility standard deviations due to the
constant presence of matching modes. It is probable that, in a scale model with
more mobile walls in order to reproduce source and receiving rooms with different
dimensions, as real laboratories are (see Chapter 3.3), standard deviation of sound
insulation D increases, whereas modal sound insulation uncertainty decreases due
to a smaller influence of modal match. In the future, further measurements on a
different scale model with the possibility to change all dimensions will be more use-
ful for such evaluation. Furthermore, selection of matching modes to be excluded
is quite rough: a wider measurement campaign focused on the transmission of
each mode and its interaction with receiving room modes is required in order to
realize a weighted procedure, as mentioned in Section 6.3, which could remove the
influence of modal match in the receiving room.
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Figure 6.19: Comparison of sound insulation with the 3 methods. Error bars
correspond to reproducibility standard deviations.
Figure 6.20: Comparison of reproducibility standard deviations for the 3 methods.
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Chapter 7
The modal approach for
reverberation time measurement
The growing interest of the international scientific community to extend the
conventional building and architectural acoustics measurements to frequencies be-
low 100 Hz requires a detailed study also on the decay of the sound pressure and
the related reverberation time in small rooms (30-200 m3). In such conditions, the
Standard measurement of reverberation times (see Section 2.3), related to diffuse
acoustic field, involves high measurement uncertainties caused by the presence of
the acoustic modes of the room, responsible for the annoyance as concerns the
quality of listening (rumble effect) or noise from other rooms.
Reference Standard for the measurement of reverberation time is the IS0 3382-
2:2008, from 100 Hz to 5000 Hz. Such Standard reports the procedure for the
interrupted noise method (method to obtain the decay curves directly from the
evaluation of the sound pressure level decay after the interruption of the broadband
noise signal) and the integrated impulse response method (method to obtain the
decay curves by the backward integration of the squared impulse responses). It
is important to underline that these measurement methods evaluate the acoustic
response of the room to an interrupted force. For what concerns the interrupted
noise method, the Standard states that the signal provided to the loudspeaker
shall be derived from broadband random electrical noise, the source shall be able
to produce a sound level sufficient to ensure a decay curve starting at least 35 dB
above the background noise in the corresponding frequency band and microphone
positions should cover a portion of space sufficient to determine average behaviour
of the acoustic diffuse field. No mention to frequencies below 100 Hz is reported,
where the diffuse field approach, considered in the Standard, is not suitable. In
general, there is no frequency distinction and the considered ones are calculated
by the simple average of decays within a certain bandwidth. The aim of this part
is to determine a new and more suitable measurement method to describe the
reverberation time at low frequencies.
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The new measurement approach is based on the resonance frequencies of the
rectangular room (in contrast with it is stated in ISO 3382, which requires one-
third octave band measurements). The different approach compared to ISO 3382
Standard is based on the decay of individual resonance frequencies of the rectan-
gular room (modal reverberation times), instead of one-third octave band analysis.
The Standard method applied to low frequency in small rooms in one-third octave
bands creates problems in the evaluation of decay curves: as a matter of fact,
within a third octave band more resonant frequencies are present, each with its
own decay. This entails non-linear decay curves due to the individual contributions
of each resonance frequency (Fig. 7.1). For this reason, it is chosen to focus the
analysis on those frequencies, which are the most influential on the acoustic field.
Figure 7.1: Example of decay curves in one-third octave bands at low frequencies.
Interferences in the decay curves are due to the interaction of different modes.
Measurements shown below are performed in the receiving room of the impact
sound insulation laboratory (Lx = 4.02 m, Ly = 3.64 m, Lz = 3.45 m). As seen
previously, under non diffuse field conditions a modal approach is preferable, rather
than statistical, due to the non-homogeneity of the acoustic field in frequency. For
the same reason, the guidelines for spatial averages and measurement points are
not applicable in this case. Two methods are presented. The first is the direct
measurement method of the modal reverberation time, based on the guidelines of
ISO 3382, but using different guidelines for what concerns the measurement points
and the acoustic force (statistical or sinusoidal). The interrupted noise method,
which is often used for building acoustics measurements in laboratory, is considered
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as the reference one. The integrated impulse response method, instead, is normally
used in architectural acoustics to study the response of large rooms such as theatres
and concert halls. The second is an indirect measurement of reverberation time
based on Eq. 2.72 and evaluates the half bandwidth of resonance frequencies of the
spectrum [43]. This is the first experimental verification of modal reverberation
time expressed in Eq. 2.72. Different source signals are also evaluated.
7.1 Preliminary measurements
Preliminary measurements are necessary in order to evaluate resonant frequen-
cies of the room. Measurement devices and analysis are described in Chapter 3.
Considering the studies described in the previous Chapters about the modal spa-
tial distribution, measuring points (microphone) are localized at the corners of the
room (Fig. 7.2).
Figure 7.2: Measurement points at corners of room.
Different types of source signals to excite the acoustic field of the room are used:
pink noise, sine wave and sweep signal. The first test is made using a pink noise,
which is the most used for sound insulation and reverberation time measurements.
Below, an example of the spectrum (resolution of 0.1 Hz), obtained by placing the
microphone at one corner of the room, is shown in Fig. 7.3. Measurements at
different corner positions are consistent.
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Figure 7.3: Frequency spectrum obtained with pink noise at corner 1.
The spectrum is quite disturbed and the peaks are not always easily identifiable;
despite that, an assessment of modes is possible:
fn /Hz
42.7
47.4
50.1
63.6
66.1
69.6
81.2
85.2
99.3
Table 7.1: Measured modes with pink noise.
Other spectra are evaluated with different signals. Initially, a sinusoidal signal
at a resonant frequency is used. The spectrum is evaluated through a temporal
average long enough to obtain a stable spectrum. An example with the 42.6 Hz
resonant frequency is shown in Fig. 7.4.
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Figure 7.4: Frequency spectrum obtained with the 42.6 Hz sine wave at corner 1.
The spectrum is much more defined and smoother than the one obtained with
the pink noise. Nevertheless, the problem is that the resonance peak corresponding
to the frequency used as source signal is much higher than the others, and this
creates possible discrepancies, since the acoustic field is not excited over all low
frequency range. Furthermore, it is interesting to underline that using a sine wave,
enough energy is provided to the system (room) in order to excite all the modes.
In order to excite all resonant frequencies and also to have a smoother and
clearer spectrum compared to the one obtained with pink noise, a sweep signal
(frequency range of 30-200 Hz and linear increase in 10 s) for the whole considered
frequency range (35-112 Hz) is generated. As shown in Fig. 7.5, resonance peaks
are well defined and the whole spectrum is smooth and clear.
Figure 7.5: Frequency spectrum obtained with a sweep signal at corner 1.
Values are reported in Table 7.2.
These results are useful for the following measurements, as it allows to get a
starting point to determine the reverberation time at low frequencies.
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fn /Hz
42.6
47.4
50.1
63.7
66.2
69.6
82
85.4
99.2
Table 7.2: Measured modes with sweep signal.
7.2 Direct method
In the introduction of this Chapter two different measurement methods for re-
verberation time in non-diffuse field condition are mentioned. This Section refers
to the first method, the so-called direct method. This first estimate of modal re-
verberation times is based on the interrupted noise method, indicated by the ISO
3382. Direct measurement of the modal decays entails waterfall measurements
with source and microphone placed at corners of room (respectively in corners 1
and 3). In this first step, spatial measurements are neglected (see Section 7.5) as
it is focused just on the determination of the most suitable signal source for decay
measurements. Different tests are made, using basically two types of source signals:
a random noise (pink noise) and a sinusoidal signal. For sinusoidal signals, more
frequencies are tested on the basis of the spectrum obtained in preliminary mea-
surements: two resonant frequencies (47.5 Hz and 63.5 Hz) and two nonresonances
(56 Hz and 75 Hz). The source signals are listed below:
• Pink noise
• 47.5 Hz sine wave (resonance frequency)
• 56 Hz sine wave (nonresonance frequency)
• 63.5 Hz sine wave (resonance frequency)
• 75 Hz sine wave (nonresonance frequency)
In the following pages, decays are analysed and compared to determine the
most suitable one.
From waterfall data, referred to the whole temporal evolution of the spectrum
(resolution of 0.25 Hz), only modal sound pressure level decays are considered.
For each one, a linear interpolation on the decay curve, considering the starting
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point at -5 dB from the peak until at least 5 dB above the level of background
noise, is performed. The interpolation returns the equation of a straight line
y = −ax + b and a confident parameter, the correlation coefficient 0 < r2 < 1.
The reverberation time is computed as
Tx =
60
a
· 0.1 (7.1)
where x indicates the range of sound pressure level ∆Lp considered for the linear
interpolation, and the factor 0.1 is due to a time resolution of 0.1 seconds. It is not
possible to determine directly the T60 (decay of 60 dB), due to the impossibility to
have a sufficient signal-to-noise ratio. In most of cases, T30 and, in few cases, T20
are calculated. The attention is focused on a range from 35 Hz to 112 Hz, which
are the bounds of the low frequency interval.
7.2.1 Pink noise
First test is performed with pink noise. The spectrum decay is shown in Fig.
7.8. It is evident the presence of prevalent peaks in the spectrum corresponding
to resonance frequencies. This confirms the validity of the approach used, as these
frequencies have different decays and heavily affect the reverberation time of the
room. Due to the statistical nature of the source signal, the spectrum is quite
disturbed. It is clearer in single decay curves of some resonance frequencies (see
an example in Fig. 7.6 and 7.7): correlation coefficient is not very high and decay
curve is not perfectly straight. In Table 7.3, reverberation times of modes are
reported.
Figure 7.6: Decay curve of 50 Hz resonance frequency.
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Figure 7.7: Decay curve of 75 Hz resonance frequency.
fn /Hz Tn /s
42.5 6.43
47.5 4.19
50 7.03
63.5 3.49
66 1.89
69.5 3.53
82 3.33
85.5 2.53
99.25 2.81
Table 7.3: Modal reverberation times with pink noise.
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Figure 7.8: Waterfall with pink noise source signal.
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7.2.2 Sine waves
Given the results obtained in preliminary measurements outlined in Section
7.1, sine waves corresponding to resonance frequencies are used as source signal
(47.5 Hz and 63.5 Hz). The methodology is the same used for the pink noise:
a signal is sent to the sound source in the room and the decay of the frequency
spectrum is recorded. In Fig. 7.9 and 7.10 the waterfall spectra, obtained with
47.5 Hz and 63.5 Hz forcing sine waves respectively, are shown.
The graphs are less disturbed and the peaks referred to the modal frequencies
are clearer than those obtained with pink noise. In addition, a different behaviour
is visible: this kind of measure requires to feed power into the system (through
the acoustic source) up to a stable situation and, later, to interrupt such energy
supply to study how energy decays. With pink noise, also the part of waterfall
which should be stable is very fluctuating due to the statistical nature of pink
noise. In this case the achievement of a stable situation is evident: a constant
plateau is visible in correspondence of the driving resonance frequencies. It is also
visible the presence of two transients with respect to previous measurements: the
sound pressure level of modes reaches a maximum, decreases to a certain value and
then increases again when the source signal is interrupted (up to the maximum
reached before). This phenomenon allows to get cleaner and clearer modal decays
(Fig. 7.11 and 7.12, Table 7.4).
56 Hz driving frequency 75 Hz driving frequency
fn /Hz Tn /s Tn /s
42.5 7.75 8.12
47.5 4.36 4.25
50 3.94 3.72
63.5 3.53 3.02
66 3.76 2.99
69.5 3.61 3.34
82 3.43 3.26
85.5 3.31 3.26
99.25 3.41 2.58
Table 7.4: Modal reverberation times with 47.5 Hz and 63.5 Hz resonance driving
frequencies.
Analysing the individual decays, the transient is less pronounced than the
one corresponding to the resonant frequency used as source signal, in which the
transient reaches higher values of sound pressure level. For modes corresponding to
the driving frequency, an interference between the modal field of the room and the
direct wave produced by the source entails also a shift of maximum sound pressure
level to adjacent frequencies: the membrane of the loudspeaker is obstructed by
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Figure 7.9: Waterfall with the 47.5 Hz resonance sine wave as source signal.
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Figure 7.10: Waterfall with the 63.5 Hz resonance sine wave as source signal.
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Figure 7.11: Examples of 42.5 Hz and 47.5 Hz modal decay curves measured with
the 47.5 Hz resonance sine wave as source signal.
Figure 7.12: Examples of 47.5 Hz and 63.5 Hz modal decay curves measured with
the 63.5 Hz resonance sine wave as source signal.
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the generated modal field that vibrates at that frequency. This can induce to a
distortion of the modal behaviour of the room.
To overcome this problem, another measurement is attempted using, as source
signals, nonresoncance sine waves. The idea, given the previous measures, is to
feed power into the vibrating system without the introduction of a random signal
as pink noise. By the waterfall obtained with these sine waves (56 Hz and 75
Hz) a slightly different behaviour compared to previous measurement emerges: it
is evident the presence of room modes and the two transients with plateau (Fig.
7.14 and 7.15). Compared to the previous case, the difference between the sound
pressure level of the plateau and the maximum level reached by the transients is
decreased and higher signal-to-noise ratios are reached (Fig. 7.13).
Figure 7.13: Decay curves of 42.5 Hz and 47.5 Hz resonance frequencies with
nonresonance sine wave at 56 Hz as source signal.
Curves are less disturbed and the typical decays of modal frequencies are more
evident. This is due to the fact that, using a nonresonance as source signal, the
system is forced to resonate at a different frequency: at the beginning, when this
energy is still low, the system vibrates according to its resonance frequencies, but
the more the energy input increases, the more the system is unable to resonate
according to its modes but is forced to resonate at the driving frequency. When the
energy supply is interrupted, the system stops resonating at the driving frequency
and dissipates energy vibrating again according to its modes, until the energy is
not completely dissipated. When the energy input is high enough, the system is
unable to distribute energy throughout the whole spectrum (as seen in the two
previous cases), but it is focused entirely on the driving frequency. Since modal
decays are very clean and clear, this source signal (nonresonance) results to be the
most appropriate one to study modal decays in the room, without the interference,
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seen previously, due to the use of a resonance sine wave as source signal. The values
obtained with the two nonresonance sine waves are reported in Table 7.5. Modal
reverberation times obtained are similar and this confirms the relevance of such
direct method.
56 Hz driving frequency 75 Hz driving frequency
fn /Hz Tn /s Tn /s
42.5 7.67 7.51
47.5 4.38 4.27
50 3.66 4.08
63.5 3.17 2.89
66 2.25 2.46
69.5 3.58 3.39
82 3.24 3.21
85.5 2.91 2.74
99.25 2.73 2.03
Table 7.5: Modal reverberation times with 56 Hz and 75 Hz nonresonance driving
frequencies.
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Figure 7.14: Waterfall with the 56 Hz nonresonance sine wave as source signal.
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Figure 7.15: Waterfall with the 75 Hz nonresonance sine wave as source signal.
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7.2.3 Comparison between different source signals
fn source Tn f source Tn f source Tn
/Hz signal/Hz /s /Hz signal/Hz /s /Hz signal/Hz /s
47.5 7.75 47.5 3.53 47.5 3.43
56 7.67 56 3.17 56 3.24
42.5 63.5 8.12 63.5 63.5 3.02 82 63.5 3.26
75 7.51 75 2.89 75 3.21
noise 6.43 noise 3.49 noise 3.33
47.5 4.36 47.5 3.76 47.5 3.31
56 4.38 56 2.25 56 2.91
47.5 63.5 4.25 66 63.5 2.99 85.5 63.5 3.26
75 4.27 75 2.46 75 2.74
noise 4.19 noise 1.89 noise 2.53
47.5 3.94 47.5 3.53 47.5 3.41
56 3.66 56 3.17 56 2.73
50 63.5 3.72 69.5 63.5 3.02 99.25 63.5 2.58
75 4.08 75 2.89 75 2.03
noise 7.03 noise 3.49 noise 2.81
Table 7.6: Comparison between modal reverberation times obtained with different
source signals.
The best source signal to accomplish the study of modal reverberation time
measurements with a direct method is the sine wave at a nonresonance frequency.
In this way, modal sound pressure level decays are clearer because when the room is
no longer forced to oscillate at a nonresonance frequency (interruption of the source
signal), it starts to redistribute energy to its modes and their decays are clean and
well detectable. A quantitative comparison of modal reverberation times obtained
with different source signals (pink noise, resonance sine waves and nonresonance
sine waves) are reported in Table 7.6.
Reverberation times obtained with sine waves are different from those achieved
with pink noise. This is certainly due to the fact that the pink noise fails to
adequately excite the acoustic field at low frequencies, as seen previously from
the waterfall spectrum (Fig. 7.8). Given such considerations, the measurement
obtained with the 75 Hz nonresonance sine wave is considered as the reference
direct method for the following tests. This is precisely the best way to assess the
modal decays of the room at low frequencies. Furthermore, for such laboratory
room, 75 Hz sine wave is localized in a flat part of the spectrum and does not
influence the closest modes.
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7.3 Indirect method
In this Section the indirect method is discussed. Modal reverberation times
are calculated by half bandwidth measurements of modes according to Eq. 2.72,
reported as follows:
Tn =
2.2
∆f−3dB
(7.2)
Half bandwidths are obtained by spectrum measurements (0.1 Hz of resolution).
The substantial difference from direct method is that no decay measurement is
performed. Also in this case, the sound source and microphone are placed at the
corners of the room to maximize the modal acoustic response and the signal-to-
noise ratio. Two different source signals are tested to get the modal spectrum: a
pink noise, used for building acoustic measurements, and a sweep signal, tested
before in preliminary measurements (see (Fig. 7.16).
Figure 7.16: Modal spectra generated with a pink noise and a sweep signal.
Spectrum obtained with the sweep signal (30-200 Hz)is smoother and reso-
nance peaks are well defined compared to the one achieved with pink noise. Half
bandwidths of modes are then calculated through a Matlab script (see Appendix
C) where the best fit, through the analysis of normalized residual sum of squares
(RSS), with a Lorentzian function is implemented (Fig. 7.17 and 7.18 referred to
sweep signal and pink noise respectively). In this case, resonance peaks measured
with the sweep signal are well defined and the Lorentzian fit is more precise as
residual analysis provides lower values. Then, through Eq. 2.72, modal reverber-
ation times are assessed (see Table 7.7). In general, reverberation times decrease
with frequency, as also confirmed by theory: first axial modes are more energetic
and their decay time is longer.
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Figure 7.17: Examples of half bandwidth calculation for 50 Hz and 63.5 Hz modes
using pink noise.
Figure 7.18: Examples of half bandwidth calculation for 50 Hz and 63.5 Hz modes
using sweep signal.
Repeatability of modal reverberation times with indirect method (sweep signal)
is evaluated. For this reason, 5 consecutive measurements of modal reverberation
times in one corner of the room (corner 1) are performed. Results (averages and
standard deviations) are reported in Table 7.8.
It is important to underline that such averages and standard deviations calcu-
lated do not want to be definitive, but are useful to give an idea of the dispersion of
results. In Section 7.5, spatial measurements provide a more consistent indication
of uncertainty.
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Pink noise Sweep signal
f /Hz Tn /s RSS Tn /s RSS
42.5 5.83 0.20 7.46 0.19
47.5 6.34 0.17 4.38 0.18
50 4.06 0.41 3.96 0.15
63.5 4.26 0.48 2.50 0.15
66 1.49 0.80 2.19 0.11
69.5 4.12 0.34 2.99 0.05
82 4.71 0.32 2.42 0.16
85.5 2.26 0.59 2.29 0.11
99.25 1.61 0.62 1.31 0.05
Table 7.7: Summary of modal reverberation times evaluated with pink noise and
sweep signal.
56 Hz driving frequency 75 Hz driving frequency
f /Hz Tn /s sTn /s
42.5 6.43 0.81
47.5 4.21 0.32
50 3.89 0.29
63.5 2.75 0.26
66 2.98 0.46
69.5 2.89 0.28
82 2.41 0.16
85.5 2.49 0.40
99.25 1.33 0.10
Table 7.8: Repeatability of modal reverberation times with indirect method.
7.4 A first comparison between proposed meth-
ods
A first comparison between direct and indirect methods on the basis of previous
measurements is reported as follows. In Fig. 7.19 and Table 7.9, results are
depicted. Results of indirect measurements with sweep signal are close to values
obtained through direct method with the 75 Hz nonresonance as source signal,
while indirect measurements with pink noise deviates from both. As a consequence,
the indirect measurement using the sweep signal as generating source is suitable
to describe the phenomenon, and it is used as reference in the comparison with
direct measurements in the next Section of spatial measurements.
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Figure 7.19: Comparison of direct and indirect methods with different source
signals.
Indirect met. Indirect met. Direct met.
Pink noise Sweep sign. 75 Hz
f /Hz Tn /s Tn /s Tn /s
42.5 5.83 7.46 7.51
47.5 6.34 4.38 4.27
50 4.06 3.96 4.08
63.5 4.26 2.50 2.89
66 1.49 2.19 2.46
69.5 4.12 2.99 3.39
82 4.71 2.42 3.21
85.5 2.26 2.29 2.74
99.25 1.61 1.31 2.03
Table 7.9: Comparison of direct and indirect methods with different source signals.
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7.5 Spatial measurements
In previous chapters the most suitable methods for direct and indirect measure-
ments are described. In order to get a better assessment of modal reverberation
time and its uncertainty, spatial measurements (as indicated in ISO 3382) are
performed. Several measurements (direct and indirect) are taken by placing mi-
crophones at 7 corners (1 is occupied by the loudspeaker) and at 3 points in the
room (Fig. 7.20), 2 random points plus the center of the room, in order to have
an indication of the behaviour of the acoustic field also in positions where room
modes are not excited at the highest levels. In this section the 99.25 Hz mode
is not considered due to the presence of a disturbance at 100 Hz that can not be
excluded.
Figure 7.20: The 3 inner point of the room used for spatial measurements besides
corner positions. The figure refers to xy plane. z values are z5=2 m, z6=1 m and
zc=1.72 m.
On the basis of the conclusions in previous Sections, direct measurements are
performed with the use of the 75 Hz nonresonance frequency as signal source, while
indirect measurements are performed with a sweep signal (30-200 Hz with a linear
increase in 10 s).
7.5.1 Indirect measurement
Spectra measurements are obtained in different points of the room (see Fig.
7.21). Spectra measurements in corner positions provide well defined resonant
peaks, while at intermediate points (5 and 6) resonant peaks present lower values
and at central point some modes are even completely suppressed as stated by
modal theory. This justifies the fact that corner positions are the best to evaluate
room modes as their intensity is maximum (high signal-to-noise ratio) and all
modes are detectable.
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Figure 7.21: Examples of spectra obtained at a corner, at an intermediate point
and at the center of the room.
Averages and standard deviations of modal measurements are then calculated
considering, firstly, all spatial points and, secondly, just corner positions. Since
at central point not all modes are detectable, it is excluded from the statistical
analysis. In Table 7.10, results are reported.
All spatial points Corners
f /Hz Tn /s sTn /s Tn /s sTn
42.5 6.26 0.54 6.29 0.62
47.5 4.36 0.33 4.46 0.28
50 4.10 0.29 4.11 0.31
63.5 3.07 0.20 3.06 0.18
66 2.95 0.40 3.01 0.26
69.5 3.18 0.17 3.19 0.17
82 2.34 0.26 2.43 0.12
85.5 2.90 0.23 2.89 0.22
Table 7.10: Spatial indirect measurements: averages and standard deviations of
modal reverberation times.
Values assessed at different spatial points are consistent. Standard deviations
calculated from corner measurements are lower than those evaluated in all spatial
points: this is a proof of the validity of corner measurements as reference points
for modal reverberation times measurement.
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7.5.2 Direct measurement
The same spatial measurements are performed with the direct method. Also
in this case, moving away from corners, intensity of resonant peaks decrease, until
they mix up with background noise at the center of the room. As for indirect
measurements, it is not possible to get modal reverberation times at the central
point. Averages and standard deviations are evaluated considering all measure-
ment points and only corner positions. Results are reported in Table 7.11.
All spatial points Corners
f /Hz Tn /s sTn /s Tn /s sTn
42.5 6.22 0.94 6.61 0.59
47.5 3.82 0.31 3.74 0.28
50 4.21 0.51 4.34 0.53
63.5 2.66 0.13 2.69 0.12
66 2.65 0.29 2.78 0.18
69.5 3.26 0.03 3.27 0.03
82 2.67 0.26 2.75 0.13
85.5 2.77 0.19 2.71 0.16
Table 7.11: Spatial direct measurements: averages and standard deviations of
modal reverberation times.
As for indirect measurements, values are consistent for different spatial aver-
ages, and standard deviations, considering only corner positions, are lower. This
is a confirm of the fact that corners are the most suitable measurement points to
evaluate modal reverberation times.
7.5.3 Comparison between direct and indirect measure-
ments
Previous results of spatial measurements considering only the 7 corner posi-
tions are now compared in order to verify the consistency of direct and indirect
measurements (Fig. 7.22). In general, the comparison shows a good agreement
between the two methods since the average values are consistent (error bars corre-
spond to expanded uncertainty with 6 degrees of freedom for the 95% confidence
level). This means not only that, with the assumptions made in Section 7.2, the
methodology contained in the ISO 3382 is adapted for reverberation time mea-
surements at low frequencies, but this is also the first experimental proof of the
relation between the modal reverberation time and the half bandwidth of resonant
peaks in Eq. 7.2.
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Figure 7.22: Comparison between direct and indirect spatial measurements of
modal reverberation times. Error bars correspond to expanded uncertainty calcu-
lated for the 95% confidence level.
Chapter 8
The modal approach for impact
sound insulation measurement
Among the standard building acoustics measurements, the extension to low
frequencies (<100 Hz) of laboratory airborne sound insulation and modal rever-
beration time measurements have been discussed so far. In this Chapter, the same
attempt is applied for laboratory impact sound insulation measurement. In typical
impact sound insulation laboratory rooms with volumes between 50 m3 and 80 m3,
due to modes of rooms, the acoustic field is considered non-diffuse below 100 Hz,
whereas the diffuse field, in general, and for practical reasons, is assumed from 100
Hz on for all building acoustics measurements. Similarly, for the transmission of
impact sound, also the floor vibrational field is considered diffuse: so it is possible
to neglect the effects, on the radiated sound field, of source position, the size and
boundary conditions of the slab. The current Standard (ISO 10140-3:2010) pro-
vides a measurement method and appropriate indexes for the description of impact
sound insulation in diffuse field conditions (100-5000 Hz). At frequencies below
100 Hz, as expected from theory and experimentally confirmed, room modes are
generated from the impact source. Therefore it is necessary, also in this case, to
review the existing standard impact sound insulation descriptors (see Chapter 2.4)
and adapt them in order to describe the proper physical phenomenon in connec-
tion with the human perception of noise and to ensure repeatable and reproducible
values. Different authors have modelled the effect of impact sound transmission by
using low frequency modal analysis and provided a good prediction of the acoustic
field generated in a rectangular room by a single sound source. On the basis of
these conclusions, in this Chapter, possible technical and practical solutions to
evaluate, from a metrological and regulatory point of view, the acoustic perfor-
mance of floating floors or floor coverings for frequencies below 100 Hz. For this
purpose, new impact sound insulation descriptors for non-diffuse sound field are
introduced and first experimental measurements are performed.
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8.1 The modal impact sound insulation
Current ISO Standard (10140-3:2010) of impact sound insulation provides the
measurement procedure of sound pressure levels in one-third octave bands (Ln) in
diffuse field condition, in terms of average energy radiated from the floor, excited
with the ISO tapping machine (see Chapter 2.4 for deepening). As described by
the theory the receiving room acoustic field, generated by the excited floor, is char-
acterized by large fluctuation in space and frequency domains due to the presence
of room modes. Applying the same modal approach described in modal airborne
sound insulation (Chapter 4), it is convenient, also for impact sound insulation
measurement, to move from a statistical approach typical of diffuse field (average
of sound energy) to a discrete one, focused on the points of maximum noise and
disturbance, i.e. the points of maximum sound pressure level in the space (corners)
and frequency (resonance modes). For this reason, two descriptors are introduced:
the modal impact sound pressure level, Lmodal = Lp,max(fn), defined as the high-
est sound pressure level measured in the corners of the receiving room of impact
sound insulation laboratory for each resonance frequency, fn, and the improvement
of modal impact sound insulation, ∆Lmodal(fn), defined as the difference between
the highest sound pressure levels measured in the receiving room corners with the
bare floor and the covered floor:
∆Lmodal(fn) = ∆Lp,max(fn) = Lmodal,0(fn)− Lmodal(fn) (8.1)
where Lmodal,0(fn) is the highest modal sound pressure level measured with the
bare slab and Lmodal(fn) is the highest modal sound pressure level measured in
receiving room corners with the covered floor. Such descriptor provides an indica-
tion of transmission loss or energy absorption due to the floating floor. As stated
in Chapter 2.4, for mass-spring systems (a rigid covering and the resilient layer),
transmissibility curve (Fig. 2.14) has a peak around the resonant frequency of the
system, f0, given by Eq. 2.75 seen previously. Around the resonant frequency, the
transmissibility is greater than 1 and higher sound pressure levels with the floating
floor are obtained rather than with the bare slab. For lower frequencies, transmis-
sibility is close to 1, and sound insulation is close to 0. The resonant frequency of
the mass controls the starting insulation frequency, while the damping controls the
insulation curve slope. On the basis of this, experimental measurements of modal
impact sound pressure levels and improvement of modal impact sound insulation
are performed with different mass-spring systems described in the next Section.
8.2 Experimental measurements
In order to test the new procedure, several measurements are carried out in
the INRIM impact sound insulation laboratory both on the bare floor and on 3
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floating floor samples.
8.2.1 Test elements
Since preliminary experimental measurements aim to evaluate qualitatively the
new modal impact sound insulation descriptors on different floating floors, it is pre-
ferred to use small specimens, compared to the 10 m2 test elements required by
the ISO Standard [53]. For this reason, the approximation of locally reacting sur-
face is applied in order to perform multiple tests. Three floating floor samples (or
mass-spring systems) according to their different structural characteristics (differ-
ent masses and resonant frequencies measured in INRIM laboratory with dynamic
stiffness method) are tested and shown in Fig. 8.1 and described in Table 8.1. The
purpose of such measurement campaign is to verify the new measurement method
for the evaluation of the impact sound insulation at low frequency and compare it
with the sound transmission theory.
Figure 8.1: The 3 floating floor samples (M1, M2 and M3 respectively).
Name Rigid covering Resilient layer M /kg m−2 S /m2 f0 /Hz
M1 Fitted carpet LDPE 7.65 0.1830 511
M2 Concrete LDPE 89.95 0.0756 149
M3 Steel LDPE 200.00 0.0400 38
Table 8.1: Technical specs of the 3 specimens.
8.2.2 Measurement procedure
In accordance with the definition of the new impact sound insulation descriptors
and the current Standard, measurements of sound pressure level in the receiving
room caused by the impact of the source on the floor are performed. With the
standard tapping machine placed in three different points of the source room (∼
51 m3), the floor is mechanically stressed. The sound field radiated from the floor
is measured at the four corners of the receiving room (50.5 m3) as shown in Fig.
8.2. Since it is necessary to focus on room modes, spectral analysis is performed
124 8. The modal approach for impact sound insulation measurement
through a FFT from 0 Hz to 500 Hz, (0.25 Hz resolution) in order to identify the
resonance frequencies. From the four spectra obtained for each corner, highest
levels for each narrow band are selected in order to obtain the discrete spectrum
of Lp,max(fn).
Figure 8.2: Source (S) and microphone (R) positions in the laboratory rooms.
8.2.3 Impact source: tapping machine or heavy/soft im-
pact ball
In Fig. 8.3 an example of bare floor measurements is shown. The sound spec-
trum is strongly disturbed (blue curve), at least up to 100 Hz, by a 2 Hz occurrence,
due to the harmonics of one of the five hammers of the tapping machine, probably
not perfectly aligned with the others. For this reason a heavy/soft source (a 4 kg
medicine ball), dropped from a 2 m height, is tested in order to excite the acoustic
modes in the low frequency range. As seen in Fig. 8.3 (red curve), the spectrum
is smoother and the resonance peaks are well defined. Selecting the modal sound
pressure levels (red lines on the x-axis), the Lmodal,0 curve is obtained (Fig. 8.4).
The weight and the drop height of the source are chosen arbitrarily as preliminary
experimental measurements, and require further tests before being introduced in
the Standard.
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Figure 8.3: Comparison between tapping machine and heavy/soft source.
Figure 8.4: Modal impact sound pressure level on the bare floor.
8.2.4 Results and observations
Subsequently, measurements are performed on the three covering floors with
the procedure described in the previous Section. Modal sound pressure levels
obtained with the bare floor and the three floating floors are depicted in Fig. 8.5.
Around the resonant frequency, the modal sound pressure level radiated from the
covered floor in the receiving room is greater than the one radiated from the bare
floor; for lower frequencies sound insulation tends to zero values, while for higher
frequencies the sound pressure level difference between the bare and covered floor
increases and the insulation starts to be visible, in agreement with theory: the
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impulse force peak is damped and the mechanical power introduced into the slab
is partially absorbed by the resilient surface layer [54, 55].
Figure 8.5: Frequency spectra obtained with each floating floor sample over the
whole frequency range (left) and a zoom on the low frequency range (right). Green
lines correspond to sound pressure level differences computed for each resonant
frequency in order to evaluate the improvement of modal impact sound insulation
∆Lmodal.
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Improvement of modal impact sound insulation discrete curves are depicted in
Fig. 8.6. The analysed mass-spring systems, with resonance frequencies between
38 Hz and 511 Hz, do not contribute to the sound insulation in the low frequency
range (M1, the curve is, on average, around zero), but, on the contrary, can cause
noise amplification (M2 and M3 curves decrease approaching their resonant fre-
quencies), as confirmed by theory [48]. Improvement of modal impact sound insu-
lation presents negative values around resonant frequency. This is characteristic
of the fact that, in construction industry, materials with very low resonance fre-
quencies (0-10 Hz) do not exist in commerce (except for industrial spring systems
which could ensure impact sound insulation in the low frequency range but can-
not be used for common dwellings). As most of the common covering floors are
characterized by resonance frequencies above 50 Hz, the range of low frequencies
presents, in most cases, a null sound insulation and even negative in some cases.
For low frequencies, it is more useful to control noise amplification rather than
sound insulation.
Separate discussion, instead, concerns the case of ceilings where characteriza-
tion of airborne sound insulation can be more significant even at low frequencies.
As a matter of fact, airborne sound insulation can be gathered also for frequencies
below the resonance frequency of the partition as stated by theory (Chapter 2.2).
A problem on measurement procedure arises when M3 curve is analysed: the
negative peak is reached at 55 Hz and 65 Hz, instead of 38 Hz. Below 55 Hz,
improvement of modal impact sound insulation even increases until the first mode
at 43 Hz. This is probably due to the airborne transmission of first modes from
the source to the receiving room through the floor. For this reason, in the future
it is necessary to evaluate the influence of airborne component in impact sound
insulation measurements.
Figure 8.6: Improvement of modal impact sound insulation ∆Lmodal of the three
floating floor samples.
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The discrete form of the introduced impact sound insulation descriptor does not
contain information for frequencies between two adjacent resonance frequencies.
To extend these measurements to the whole low frequency range, it is assumed,
in a first approximation, that in another laboratory with different dimensions,
resonance peaks could move along the envelope of the measured spectra, as al-
ready proposed for modal airborne sound insulation (Chapter 4.3). In this way, a
representation in one-third octave bands, as required by ISO Standard, of modal
impact sound pressure levels, as well as for the improvement of modal impact
sound insulation is obtained (Fig. 8.7).
Figure 8.7: Improvement of modal impact sound insulation ∆Lmodal in one-third
octave bands of the three floating floor samples.
New indexes of laboratory impact sound insulation and improvement of impact
sound insulation at low frequencies (and in general for non-diffuse field conditions)
are introduced as well as a new measurement procedure according to the modal
approach. The preliminary experimental measurements, in accordance with the
theory, confirm the significance of such indexes. In the future it will be necessary
to introduce normalization terms that consider different boundary conditions (size
of the receiving room, modal absorption, airborne transmission, etc.) in order to
obtain repeatable and reproducible values and to evaluate the uncertainty budget.
In the end, it is necessary to perform measurements on 10 m2 specimens for further
experimental tests.
Chapter 9
Conclusions and future works
The modal approach for the main laboratory measurements of building acous-
tics (airborne sound insulation, impact sound insulation and reverberation time)
at low frequency (50-100 Hz) is introduced and new descriptors are investigated
on the basis of theoretical analysis of non-diffuse sound field of small laboratory
rooms. This new approach represents a possible solution for the required exten-
sions of building acoustics measurements down to 50 Hz, also for field measure-
ments in common dwellings with small volumes. Nevertheless, different practical
and metrological problems have still to be solved for all the proposed measurement
methods and further efforts are necessary to be overcome.
The application of modal approach to airborne sound insulation measurement
entails the proposal of a new descriptor, the modal sound insulation Dmodal, ob-
tained by a proper measurement procedure with microphones and loudspeaker
placed at room corners and differs from standard sound reduction index R, which
is based on sound power measurements, still unable to be defined in a modal field
and not enough accurate to evaluate sound insulation, also from the human per-
ception point of view. It is a discrete index (focused just on source room modes)
and it is an indicator of modal transmission loss, based on the transmission of
source room modes into the receiving room through the partition. A comparison
of modal sound insulation values with vibrational measurements on a partition,
with resonant frequency at around 80 Hz, confirmed the validity of results. A
proper normalization term corresponding to receiving room volume is obtained
from theoretical calculations and an extension to the whole low frequency range,
based on the envelope method, are proposed in order to adapt modal sound in-
sulation to Standard requirements (results expressed in one-third octave bands).
In this way, a possible solution is to provide two different insulation descriptors
for technical and commercial purposes: one for diffuse field (100-5000 Hz), the
standard sound reduction index R, and one for non-diffuse field (50-100 Hz), the
modal sound insulation Dmodal. Since the two descriptors can not be quantitatively
related due to different physical meanings and measurements procedure, it could
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be possible to provide two separate single numbers for the acoustic characteriza-
tion of building elements. Analysis of uncertainty budget confirmed the higher
influence of type A uncertainty due to repeatability, rather than errors related
to the measurement devices (ratio of 10:1). Repeatability measurements showed
that standard deviation values are within the limits fixed by ISO 12999-1:2014 for
the low frequency third octave bands (50 Hz, 63 Hz, 80 Hz and 100 Hz). This
result confirms the proposed extension method. A first reproducibility comparison
within the 2 INRIM sound insulation laboratories is performed. The general trend
of modal sound insulation in one-third octave bands is similar but differences are
quantitatively evident, although the application of normalization term, introduced
to improve the agreement of results. The main cause is the presence of matching
modes (similar source and receiving room modes due to similar dimensions) which
entails an underestimation of sound insulation and, at present, they can not be
avoided. Further modal sound insulation measurements are performed in the 1:8
scale model. The peculiarity of such model is the possibility to move mobile walls
facing the test specimen. In this way, changing receiving room volume (from -30%
to 60% with respect to source room volume), it is possible to verify the validity
of normalization term. Results show the negligible effect of the introduced nor-
malization term and rise a question about the effective weight of receiving volume
term in modal sound insulation measurements. The main influential factor is the
modal match due to coupled source and receiving room lengths, Ly and Lz , un-
able to be changed. A first rough exclusion of such modes from the evaluation of
modal sound insulation decreased the standard deviation and partially avoided un-
derestimation of results. Another comparison is performed with the scale model,
without the receiving room, inside the anechoic chamber in order to avoid the
influence of modal match, as the receiving space is a free field. The comparison
shows that modal sound insulation results, evaluated in free field and in modal
field (without modal match), are consistent and a weighting procedure is possible.
In particular, the increase of modal sound pressure level for a particular mode
as function of length or frequency differences between source and receiving rooms
is studied. The relation follows the Kohlrausch-Williams-Watts function. Such
experimental evidence opens to the future possibility of a weighted procedure in
order to avoid modal match and, thus, obtain a real representation of modal sound
insulation. The same weighted procedure could be applied for field measurements
when modal sound insulation is evaluated in ordinary dwellings, most of charac-
terized by similar volumes and dimensions. Further evaluations on a different scale
model with the possibility to move all boundary walls will be necessary in order to
completely avoid modal match. In the end, all different volume combinations are
used to validate the envelope method for the extension to the whole low frequency
range in one-third octave bands. Results are consistent and the proposed method
is confirmed. Inter-laboratory Round Robin Test will be useful to have further
experimental confirmations in real laboratories.
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The modal approach for impact sound insulation measurement entails two new
descriptors: the modal impact sound pressure level, defined as the highest sound
pressure level measured in the corners of the receiving room for each resonance
frequency, and the improvement of modal impact sound insulation, defined as the
difference between the highest modal sound pressure level measured in the re-
ceiving room corners with the bare floor and the covered floor. Starting from ISO
Standard guidelines (ISO 10140-3:2010), the measurement procedures are modified
in accordance with the new definition of indexes. The first experimental results
on three different spring-mass systems confirm the significance of the introduced
quantities, in accordance with the impact sound transmission theory. The same
method of extension to the whole low frequency range in one-third octave bands,
previously proposed for modal sound insulation, is also applied. In the future it
will be necessary to introduce normalization terms that take into account differ-
ent boundary conditions (size of the receiving room, modal absorption, airborne
transmission of source room modes into the receiving room, etc.) and to check re-
peatability and reproducibility. Besides, more measurements on 10 m2 specimens
as required by the ISO Standard are necessary.
In non-diffuse sound field, the non-linearity of sound pressure level decays in
one-third octave bands suggest to focus just on resonant frequencies, as the most
influential parameters of the acoustic field and human annoyance in quality of lis-
tening (rumble effect). Following this approach the modal reverberation time is
introduced. In particular two measurement methods are investigated: the direct
method and the indirect method. For the first one, starting from the interrupted
noise procedure stated in ISO 3382-2:2008, different source signals are compared:
pink noise and sine waves (resonant and non-resonant). The last one fits better
as decays are cleaner and well detectable. The indirect method, whereas, requires
measurement of half bandwidths of modes, mathematically related to modal rever-
beration time. No experimental tests have been performed before from a literature
review. The source sweep signal is preferable with respect to pink noise as spec-
tra are smoother and half bandwidth calculations are more precise. In the end,
the comparison between direct and indirect methods for modal reverberation time
measurement shows a good agreement as results are consistent and comparable.
This is the first experimental validation of the relation between half bandwidth
of resonant frequencies and modal reverberation time. It is still necessary to fur-
ther investigate this proposal and choose the method that is more comfortable
for acousticians and adaptable to field measurements. Besides, the results of this
study open the way to further research in a very promising and still little deep-
ened areas: the development of particular solutions for the absorption and control
of low frequencies in building acoustics, and the control of room acoustic field to
guarantee the quality of listening, like recording studios or small concert halls.
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Appendices
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Appendix A
The modal sound insulation:
comparison between sweep and
noise signals
A comparison between two different source signal is performed for modal sound
insulation measurement on a same test object: sweep signal and pink noise. In the
first case, FFT analysis is operated with the so called Max-Hold function which re-
turns the highest sound pressure levels for each narrowband in time. In the second
case, FFT analysis is performed through a linear average over 60 s. Comparison of
modal sound insulation is performed according to procedure described in Chapter
4. Sweep signals results to be better for what concerns spectra measurements:
peaks are well defined and source and receiving room spectra are very smooth
with respect to pink noise ones (Fig. A.1 and Fig. A.2). Modal sound insulation
curves are consistent and final results are similar as seen in Fig. A.3.
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A. The modal sound insulation: comparison between sweep and noise
signals
Figure A.1: Source and receiving room spectra obtained with sweep signal
Figure A.2: Source and receiving room spectra obtained with pink noise.
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Figure A.3: Comparison between modal sound insulation curves obtained with
pink noise and sweep signal. Error bars correspond to expanded uncertainty of
modal sound insulation (pink noise) calculated for the 95% confidence level. Re-
sults are consistent with each other.
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Appendix B
Normalization terms
Starting from modal theory (Section 2) for rectangular rooms, different assump-
tions and simplifications discussed in Section 4.2 for the modal sound insulation
index Dmodal(fn) = Dmodal(2piωl1m1n1) are proposed and introduced:
• ψ(2)l1m1n1(xcorner) = ψ
(2)
l2m2n2
(xcorner) = 1.
• Summation terms in p(1)max(xcorner, ωl1m1n1 , t) and p(2)max(xcorner, ωl1m1n1 , t) re-
duce to one term as the other terms can be considered negligible.
• In G(2)qr,l2m2n2(ωl1m1n1), forcing the analysis it is possible to assume
(1− (−1)q+m2) (1− (−1)r+n2) = 1, otherwise it is 0.
• In G(1)l1m1n1,qr(ωl1m1n1), we assume that
(1− (−1)q+m1) (1− (−1)r+n1) = 1 , otherwise it is 0.
With such assumptions and simplifications
•
p(1)max(xcorner, ωl1m1n1 , t) ∼
∼ A(1)l1m1n1(ω)ψ
(1)
l1m1n1
(xcorner)e
−iωl1m1n1 t ∼
∼ ρ0c
2ωQ0
V1Λl1m1n12ωl1m1n1δl1m1n1
e−iωl1m1n1 t (B.1)
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•
p(2)max(xcorner, ωl1m1n1 , t) ∼
∼ G(2)qr,l2m2n2(ωl1m1n1)G
(1)
l1m1n1,qr
(ωl1m1n1)·
· A(1)l1m1n1(ωl1m1n1)ψ
(2)
l2m2n2
(xcorner)e
−iωl1m1n1 t ∼
∼ 2Spρ0c
2ωl1m1n1
V2Λl2m2n22ωl2m2n2δl2m2n2
· q
(q2 −m22)
r
(r2 − n22)
· 2ωl1m1n1
Λl1m1n1pi
2iL
(p)
y L
(p)
z
· q
(q2 −m21)
r
(r2 − n21)
·
· 1
M [(1 + iη)ω2qr − ω2l1m1n1 ]
· ρ0c
2ωl1m1n1Q0e
−iωl1m1n1 t
V1Λl1m1n12ωl1m1n1δl1m1n1
(B.2)
and it is possible to demonstrate that evaluation of Dmodal in different laboratories
depends, in first approximation, on receiving room volume V2, since partition
properties can be considered the same. Influence of coupling indexes ( q
(q2−m21) and
r
(r2−n21)) and environmental parameters (ρ0 and c) is negligible with respect to the
main ones and gets into measurement uncertainty.
Dmodal(fn) = Dmodal(2piωn) = Dmodal(2piωl1m1n1) =
= 20log10
(
|p(1)max(xcorner, ωl1m1n1 , t)|
|p(2)max(xcorner, ωl1m1n1 , t)|
)
=
= 20log10
(
|∑∞l1m1n1=0A(1)l1m1n1(ωl1m1n1)
|∑∞l1m1n1=0∑∞qr=1∑∞l2m2n2=0G(2)qr,l2m2n2(ωl1m1n1) ·
ψ
(1)
l1m1n1
(xcorner)e
−iωl1m1n1 t|
G
(1)
l1m1n1,qr
(ωl1m1n1)A
(1)
l1m1n1
(ωl1m1n1)ψ
(2)
l2m2n2
(xcorner)e
−iωl1m1n1 t|
)
∼ 20log10
(
|A(1)l1m1n1(ωl1m1n1)|
|G(2)qr,l2m2n2(ωl1m1n1)G
(1)
l1m1n1,qr
(ωl1m1n1)
·
· 1
A
(1)
l1m1n1
(ωl1m1n1)|
)
∼
∼ 20log10
(
1
|G(2)qr,l2m2n2(ωl1m1n1)G
(1)
l1m1n1,qr
(ωl1m1n1)|
)
∝ 20log10 (V2) (B.3)
Fixing a standard value for receiving room volume (V2,0), p
(2)
0,max(xcorner, ωl1m1n1 , t) ∝
1/(V2,0) and normalized modal sound insulation Dmodal,nV becomes:
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Dmodal,nV (fn) = Dmodal(2piωn) = Dmodal(2piωl1m1n1) =
= 20log10
(
|p(1)max(xcorner, ωl1m1n1 , t)|
|p(2)0,max(xcorner, ωl1m1n1 , t)|
)
=
= 20log10
(
|p(1)max(xcorner, ωl1m1n1 , t)|
|p(2)0,max(xcorner, ωl1m1n1 , t)|
· V2
V2
)
=
= 20log10
(
|p(1)max(xcorner, ωl1m1n1 , t)|
|p(2)max(xcorner, ωl1m1n1 , t)|
V2,0
V2
)
=
= Dmodal − 20log10
(
V2
V2,0
)
(B.4)
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Appendix C
Matlab scripts
C.1 Extension of modal sound insulation enve-
lope to one-third octave bands
\%\%\%\%\%\%\%\%\% INPUT \%\%\%\%\%\%\%\%\%\%
f = [43
48
50.25
54
59
63.5
66.5
69.75
75.5
82
85.5
90.5
94.75
99.5
104
109.5
111
117
];
Lp = [76.0
75.9
79.7
60.6
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65.3
66.1
58.6
65.6
46.2
67.3
58.0
56.4
61.2
63.7
61.7
58.7
56.6
60.1
];
fc = 0.25;
\%\%\%\%\%\%\%\%\% OUTPUT \%\%\%\%\%\%\%\%\%\%
for i=1:length(f)-1
fFit{i} = f(i)+fc:fc:f(i+1);
end
for n=1:length(f)-1
LpFit{n} = (Lp(n+1)-Lp(n))/(f(n+1)-f(n))*(fFit{n}-f(n)) + Lp(n);
end
N0=0;
for l=1:length(f)-1
N=length(LpFit{l})+N0;
N0=N;
end
fTOT(1:length(fFit{1}),1)=fFit{1};
LpTOT(1:length(LpFit{1}),1)=LpFit{1};
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for n=1:length(f)-2
fTOT(length(fTOT(:,1))+1:length(fTOT(:,1))+length(fFit{n+1}),1)
=fFit{n+1};
LpTOT(length(LpTOT(:,1))+1:length(LpTOT(:,1))+length(LpFit{n+1}),1)
=LpFit{n+1};
end
fitTOT(:,1)=fTOT(:,1);
fitTOT(:,2)=LpTOT(:,1);
plot(fitTOT(:,1),fitTOT(:,2))
fitTOTlin = 10.^(fitTOT(:,2)/10);
Ni_50 = find (fitTOT(:,1)==44.75);
Nf_50 = find (fitTOT(:,1)==56.25);
N_50 = Ni_50:1:Nf_50;
Ni_63 = Nf_50 + 1;
Nf_63 = find (fitTOT(:,1)==70.75);
N_63 = Ni_63:1:Nf_63;
Ni_80 = Nf_63 + 1;
Nf_80 = find (fitTOT(:,1)==89);
N_80 = Ni_80:1:Nf_80;
Ni_100= Nf_80 + 1;
Nf_100= find (fitTOT(:,1)==112.25);
N_100 = Ni_100:1:Nf_100;
Lp_50 = fitTOTlin(N_50);
Lp_63 = fitTOTlin(N_63);
Lp_80 = fitTOTlin(N_80);
Lp_100 = fitTOTlin(N_100);
Lp_50 = 10*log10(sum(Lp_50));
Lp_63 = 10*log10(sum(Lp_63));
Lp_80 = 10*log10(sum(Lp_80));
Lp_100 = 10*log10(sum(Lp_100));
fitThirdOctBand = [ 50 Lp_50; 63 Lp_63; 80 Lp_80; 100 Lp_100]
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C.2 Calculation of resonant peak half bandwidth
\%\%\%\%\%\%\%\%\% INPUT \%\%\%\%\%\%\%\%\%\%
x=[
98.7000
98.8000
98.9000
99.0000
99.1000
99.2000
99.3000
99.4000
99.5000
99.6000
99.7000
99.8000
99.9000
100.0000
100.1000
100.2000
100.3000
100.4000
];
y=[
82.961733
83.151709
84.366271
84.171198
84.354853
85.905975
85.459873
86.131221
86.633704
87.086933
87.2495
86.731214
87.882006
86.949463
86.622885
87.090484
86.045234
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85.843365
];
\%\%\%\%\%\%\%\%\% OUTPUT \%\%\%\%\%\%\%\%\%\%
if (max(y)-y(length(y))<3 && max(y)-y(1)<3)
a=find(y==max(y));
x1=x(1)-(x(2)-x(1));
y1=y(1)-(y(2)-y(1));
x2=x(length(x))+(x(length(x))-x(length(x)-1));
y2=y(length(x))+(y(length(y))-y(length(y)-1));
x=[x1 x’ x2];
y= [y1 y’ y2];
x=x’
y=y’
[yprime params resnorm residual] = lorentzfit(x,y);
xfit= min(x):0.001:max(x);
yfit=params(1)./((xfit - params(2)).^2 + params(3)) + params(4);
indxfc = find(yfit == max(yfit) );
indx3dBsup = indxfc+1:length(yfit);
yfitsup = abs(yfit(indx3dBsup)-max(yfit)+3);
ind3dBsup = find(yfitsup == min(yfitsup));
indxsup = indx3dBsup(ind3dBsup);
fsup = xfit (indxsup)
SPLsup = yfit (indxsup)
fc = params(2);
D3dB = 2*(fsup - fc)
finf = fsup - D3dB
SPLfc = max(yfit)
plot(x,y,’--o’,’LineWidth’,2)
hold on
plot (xfit, yfit,’r’,’LineWidth’,2)
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hold on
plot(fsup, SPLsup, ’o’, ’MarkerEdgeColor’,’k’,
’MarkerFaceColor’,’g’,’MarkerSize’,10)
hold on
plot(finf, SPLsup, ’o’, ’MarkerEdgeColor’,’k’,
’MarkerFaceColor’,’g’,’MarkerSize’,10)
xlabel({’frequency [Hz]’})
ylabel({’SPL [dB]’})
else
if (max(y)-y(length(y))>3)
[yprime params, resnorm residual] = lorentzfit(x,y);
xfit= min(x):0.001:max(x);
yfit=params(1)./((xfit - params(2)).^2 + params(3)) + params(4);
indxfc = find(yfit == max(yfit));
indx3dBsup = indxfc+1:length(yfit);
yfitsup = abs(yfit(indx3dBsup)-max(yfit)+3);
ind3dBsup = find(yfitsup == min(yfitsup));
indxsup = indx3dBsup(ind3dBsup);
fsup = xfit (indxsup)
SPLsup = yfit (indxsup)
fc = params(2)
D3dB = 2*(fsup - fc)
finf = fsup - D3dB
SPLfc = max(yfit)
plot(x,y,’--o’,’LineWidth’,2)
hold on
plot (xfit, yfit,’r’,’LineWidth’,2)
hold on
plot(fsup, SPLsup, ’o’, ’MarkerEdgeColor’,’k’,
’MarkerFaceColor’,’g’,’MarkerSize’,10)
hold on
plot(finf, SPLsup, ’o’, ’MarkerEdgeColor’,’k’,
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’MarkerFaceColor’,’g’,’MarkerSize’,10)
xlabel({’frequency [Hz]’})
ylabel({’SPL [dB]’})
else
[yprime params, resnorm residual] = lorentzfit(x,y);
xfit= min(x):0.001:max(x);
yfit=params(1)./((xfit - params(2)).^2 + params(3)) + params(4);
indxfc = find(yfit == max(yfit) );
indx3dBinf = 1:indxfc-1;
yfitinf = abs(yfit(indx3dBinf)-max(yfit)+3);
ind3dBinf = find(yfitinf == min(yfitinf));
finf = xfit (ind3dBinf)
SPLinf = yfit (ind3dBinf)
fc = params(2)
D3dB = 2*(fc - finf)
SPLfc = max(yfit)
fsup = finf + D3dB
plot(x,y,’--o’,’LineWidth’,2)
hold on
plot (xfit, yfit,’r’,’LineWidth’,2)
hold on
plot(fsup, SPLinf, ’o’, ’MarkerEdgeColor’,’k’,
’MarkerFaceColor’,’g’,’MarkerSize’,10)
hold on
plot(finf, SPLinf, ’o’, ’MarkerEdgeColor’,’k’,
’MarkerFaceColor’,’g’,’MarkerSize’,10)
xlabel({’frequency [Hz]’})
ylabel({’SPL [dB]’})
end
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end
Res0=0;
xfit=round(xfit*10000000)/10000000;
for indx=1:length(x);
indRes= find(xfit==x(indx));
yfitRes = yfit(indRes);
yx = y(indx)
Res = (yx-yfitRes)^2;
Res = Res + Res0;
Res0 = Res;
end
Res=sqrt(Res0/length(y))
Tr = 2.2/D3dB
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